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ABSTRACT  , 


This  research  is  a  study  of  the  performance  of  U.S.  Army  voice 
circuits  in  the  transitional  DoD  telecommunications  system  of  the  1980's. 
Transmission,  switching,  and  user  terminal  facilities  will  be  converted 
from  analog  to  digital  operation  during  the  next  two  decades*  Voice 
circuits  during  the  transition  will  be  composed  of  various  tandem  (series) 
connections  of  pulse  code  modulation  (PCM),  continuously  variable  slope 
delta  (CVSD)  and  vocoder  links. 

The  purpose  of  the  research  is  to  determine  if  the  system  design 
for  the  1980* s  results  in  isolated  pairs  of  users.  The  approach  is  to 
examine  the  technical  characteristics  of  digital. voice  links,  to. consider 
the  system  plans  of  the  Services  and  DoD  Agencies,  to  evaluate  the  mode 
of  interoperability  at  the  boundaries  which  join  the  several  regions  of 
the  overall  DoD  system,  and  to  analyse  the  signal-to-noiee  ratio  (SNR) 
performance  of  tandem-link  circuits  within  the  U.S.  Army  system* 

The  study  concludes  that  some  isolated  pairs  of  users  will  exist 
in  the  transitional  system,  but  the  occurrence  of  isolated  pairs  of  users 
may  be  minimized  by  providing  digital  transmission  paths  to  directly  inter¬ 
connect  communities  of  16  kB/s  subscribers.  The  system  designs  for  the 
U.S.  Army  System  and  the  overall  DoD  System  include  workable  interoper¬ 
ability  solutions.  By  managing  the  transition  in  an  enlightened  manner, 
the  reliability  of  secure  voice  communications  may  be  enhanced  and  the 
operational  capability  to  satisfy  new  data  communications  needlines  may 
be  increased. 

The  principal  recommendation  of  the  study  Is  that  the  occurrence  • 
of  tandeming  of  voice  links  should  be  minimized. 


ACKNOWLEDGEMENTS 


LTC  Theodore  W»  Hummel,  my  research  advisor,  encouraged  and 
supervised  this  project, 

LTC  George  H.  Rice  and  Major  Benjamin  F.  Esqulbel  served  as 
members  of  the  research  committee,  and  offered  many  useful  suggestions. 

Mr.  Ron  Sonderegger  served  as  an  informal  member  of  the  research 
committee,  read  the  several  drafts,  and  offered  helpful  comments. 

Dr.  Aubrey  M.  Bush  stimulated  my  Interest  in  digital  communi¬ 
cations  and  supervised  my  initial  research  effort  during  I968  to  1971. 

Dr.  Harry  L.  Van  Trees  motivated  and  encouraged  my  initial 
inquiry  into  the  system- level  implications  of  digital  voice  during  1972 

to  1975. 

Carol,  my  wife,  cheerfully  shared  the  life  of  a  graduate  student, 

again. 

To  these  people,  I  express  my  sincere  appreciation  and  thanics. 


TABLE  OF  CONTENTS 

Page 

THESIS  APPROVAL  PAGE  . * . . .  ii 

ABSTRACT  . .  iii 

ACKNOWLEDGMENTS  . iv 

LIST  OF  FIGURES  .  lx 

LIST  OF  TABIES  . , . . .  x 

Chapter 

1 .  ANALOG  AND  DIGITAL  VOICE  COMMUNICATION  . .  1 

PROTECTIVE  MARKING  . 3 

INTRODUCTION  ....; . 4 

NATURE  OF  THE  VOICE  SIGNAL  . . . .  4 

Speech  Production  4 

The  Simplified  Model  . . 9 

Spectrum  Analysis  of  Speech  . . . . .  10 

Summary  14 

ANALOG  TRANSMISSION  -  THE  TELEPHONE  CHANNEL  ......  14 

The  Linear  Channel  . 15 

Voliune  and  Signal  to  Noise  Ratio  . .  17 

Summary  . 18 

DIGITAL  TRANSMISSION  OF  SIEECH  .  18 

Digital  Signal  Processing  ......................  39 

Pulse  Code  Modulation  (PCM)  ....................  21 

Delta  Modulation  (DM)  24 

Analysis-Synthesis ,  The  Vocoder 


26 


SUMMARY  . . . .  29 

CHAPTER  END  NOTES  . .  31 

2.  THE  PROBLEM  -  SECURE  VOICE,  KEY  TO  THE  TRANSITION  OF 

TACTICAL  COMMUNICATIONS  TO  DIGITAL  OPERATION  IN 

THE  1980'S  . . . , .  35 

IMPORTANCE  OP  A  SECURE  VOICE  . .  35 

TRANSITION  TO  DIGITAL  OPERATION  .  35 

The  TRI-TAC  Program  . . . . ••»...  36 

The  Integrated  Tactical  Communications  System 
Study  (INTACS)  . . .  36 

Tandem  Voice  Links  . . . .  37 

COMPARISON  OP  DIGITAL  VOICE  LINKS  .  38 

ANALOG  AND  DIGITAL  LINKS  . . .  4 0 

DIGITAL  VOICE  TANDEMING  -  THE  KEY  PROBLEM  . .  43 

A  Model  .  43 

Tentative  Conclusions  . .  U? 

The  Problem  ••••* . . . .  48 

CHAPTER  END  NOTES  . . .  50 

3.  DIGITAL  COMMUNICATIONS  PLANS  -  THE  1976  APPROACH  ...  52 

DOD  POLICY  . . . . . . .  52 

THE  TRI-TAC  ARCHITECTURE  .  53 

TRI-TAC  Developments  and  Acquisition  Programs  •<  54 

Digital  Voice  Bit  Rates  . .  56 

Transition  Strategy  56 

THE  INTACS  STUDY  .  58 

Objective  System  61 

Transition  Strategy  62 

Summary  . . . . .  63 


OTHER  SYSTEMS  . , . »  63 

World  Wide  Military  Command  and  Control  System 

(WWMCCS)  . . . . .  63 

Defense  Communications  System  (DCS)  . . , .  64 

U.  S.  Navy  System  ....... . . . .  65 

NATO  Integrated  Communications  System  (NICS)  ..  66 

Summary  ••••...•..».•«»»» . • . ............  66 

INTEROPERABILITY  BETWEEN  SYSTEMS  . . 66 

Regions  of  the  Overall  System  . . . .  67 

Dual-Rate  Method  . . 69 

Summary  . 70 

SUMMARY  . 71 

CHAPTER  END  NOTES  . 73 

4.  ANALYSIS  -VOICE  TANDEMING  .  78 

TANDEM  LINKS  -  ANALYTICAL  AND  EXPERIMENTAL  RESULTS .  78 

U .  S .  Army  PCM  78 

TRI-TAC  Analysis  . 79 

ECOM  Tests  84 

DoD  Consortium  Tests  . . 86 

An  Arbitrary  Scale  of  Performance  . 87 

ANALYSIS  OP  TACTICAL  CIRCUITS  . 89 

A  Tandeming  Model  . 89 

Tactical  Circuit  Examples  . . 92 

EXTENSIONS  CP  TACTICAL  CIRCUITS  ..................  105 

CHAPTER  END  NOTES  . . 107 

5.  FINDINGS  . .  110 


CONCLUSIONS  . . . .... .  110 

The  U.S.  Army  System  ...... . ., . ,,,, .  Ill 

The  BoD  System  H9 

Conferencing  121 

Technical  Observations  •»•...*.»•».«•» . . . , , .  122 

Tactical  Observations  . . « . . .  124 

Summary  ..... . 126 

RECOMMENDATIONS  . . 130 

SUMMARY  . 131 

CHAPTER  END  NOTES  .  132 

APPENDIX  I  . .  I35 

BIBLIOGRAPHY  . 150 


LIST  GF  FIGURES 


1.  Typical  Speech  Waveforms  . 8 

2.  The  Simplified  Model  of  Speech  Production  11 

3*  The  Linear  Channel  16 

4.  Linear  Pulse  Code  Modulation  22 

5*  Digital  Voice  SNR  Performance  . . .  2 5 

6*  An  Abstract  Model  of  Voice  Tandeming  . . ... .  44 

7*  Digital  and  Analog  Links  in  a  Hybrid  Network  . 59 

8«  Tandeming  Examples  60 

9*  Regions  of  DoD  Secure  Voice  68 

10.  The  SNR  Performance  of  U,  S.  Army  PCM-48  80 

11.  A  Tactical  Network  Model  91 

12*  Tandem-Link  Performance  of  PCM-48  93 

13*  Illustration  of  the  Probability  Density  Function 
Function  of  the  SNR  Performance  of  Tandem-Link 
Circuits 


115 


LIST  OP  TABLES 


1.  TRI- TAG  Developments,  Switching  Subsystems  .. . 137 

2.  TRI-TAC  Developments,  Static  Subscriber  Access  Subsystem  • .  138 

3»  TRI -TAG  Developments,  Mobile  Subscriber  Access  Subsystem  . .  142 

♦ 

4,  TRI-TAC  Developments,  Trunk  Transmission  (Surface) 

Subsystem  143 

5»  TRI-TAC  Developments,  Trunk  Transmission  (Space) 

Subsystem  . , . . . 145 

6,  TRI-TAC  Developments,  Communications  Control  Subsystem  147 

?.  TRI-TAC  Developments,  External  Interface  Subsystem  .  149 

8 .  SNR  Performance  of  CVSD  with  Errors  83 

9.  Subjective  Descriptors  for  CRT  Scores  . . 85 

10.  An  Arbitrary  Scale  of  Performance  88 

11.  Circuits  of  Two  Links  . 96 

12.  Two-Link  Circuits  with  Impairments-  .......................  99 

13.  Circuits  of  Three  Links  loo 

14.  Three-Link  Circuits  with  Impairments  . 102 

15*  Circuits  of  Four  Links  . . 103 

16.  Selected  Circuits  of  Five  Links  . . 104 

1?.  Distribution  of  Performance  of  Likely  Tactical  Circuits 

(of  One  to  Five  Links)  . . .  112 


w  ■  CKAFTE?.  1 

ALA  LOG  AITD  DIGITAL  VOICE  COmHIlCATICi; 

The  research  reported  in  this  thesis  is  directed  toward  the 
broad  goal  of  improving  U.S.  Amy  voice  communications  system.  DoD 
c ommunicr. tions  systems  are  beginning  an  evolutionary  transition  from 
predominately  analog  systems  to  predominately  digital  systems.  The 
goals  include  economy,  widespread  security,  and  expanded  capability 
to  meet  the  growing  data  communications  needs.  The  transition  is 
conceived  as  evolutionary  change  over  a  span  of  two  decades.  But 
the  transition  involves  revolutionary  change  in  system  design,  doc¬ 
trine,  .and  operational  concepts. 

The  employment  of  communications  circuits  that  s.re  tandem 
connections  of  digital  voice  links  (i.e,,  series  links)  is  essential 
to  maintain  continuity  of  user  services  during  the  transition.  But 
the  engineering  analytical  and  experimental  basis  for  design  of  a 
network  with  flexible  use  of  tandem  links  in  various  circuit  paths  is 
incomplete.  The  tandem  links  in  a  "circuit  chain"  during  the  lQSO's 
include  analog  links,  and  the  following  digital  links  which  employ 
digital  voice  converters:  (l)  pulse  code  modulation,  (2)  delta 
modulation,  and  (3)  vocoder  links.  (The  vocoder,  voice-coder,  is 
the  common  name  for  digital  voice  converters  that  gain  transmission 
economy  by  decomposing  speech  into  excitation  and  vocal-tract  com¬ 
ponents.) 

In  Chapter  1  we  consider  some  technical  aspects  of  voice 


communications  to  establish  the  basis  for  the  system  level  problem 


of  tandem  links.  The  nature  of  the  speech  signal  is  discussed  and  methods 
of  analog  and  digital  transmission  are  surveyed. 

In  Chapter  2  we  review  the  importance  of  secure  voice  service  as  a 
capability  of  DoD  systems  and  summarise  the  planning-context  and  tandem-link 
aspects  of  the  transition  to  a  digital  system.  A  comparison  of  the  perfor¬ 
mance  of  digital  and  analog  voice  links  leads  to  an  expanded  statement  of 
the  key  problem  that  is  the  focus  of  this  research.  The  purpose  of  this 
research  is  to  determine  if  the  U.S.  Army  tactical  communications  system 
design  for  the  1980's  includes  isolated  subscribers.  The  focus  of  the 
study  is  the  performance  of  voice  circuits  of  digital  voice  links  connected 
in  series. 

In  Chapter  3  we  examine  the  digital,  communications  system  plans  of 
the  U.S.  Army  and  other  mutually-dependent  segments  of  the  total  DoD  system. 
The  discussion  includes  an  examination  of  the  TRI-TAC  Architecture,  the 
Integrated  Tactical  Communications  Systems  (INTACS)  Study,  arid  other  sys¬ 
tems  such  as  the  World  Wide  Military  Command  and  Control  System  (WWMCCS), 
the  Defense  Communications  System  (DCS),  and  the  U.S.  Navy  System. 

An  analysis  of  interoperability  between  systems  in  the  DoD  leads 
to  the  broad  conclusion  that  the  overall  system  is  converging  toward  a  com¬ 
mon  target.  No  serious  limitation  of  operational  capability  is  inherent  in 
the  system  level  designs.  Suitable  interoperability  solutions  are  being 
planned. 

In  Chapter  4  we  examine  a  model  of  the  I980*s  transitional  system 
in  more  detail,  to  include  tandem  links  internal  to  the  U.S.  Army  portion' 
of  the  system.  The  available  experimental  and  analytical  results  which 
describe  the  performance  of  digital  voice  links  are  surveyed.  An  analysis 
is  performed  to  estimate  the  signal  to  noise  ratio  (SNR)  performance  of 


tactical  circuits  of  up  to  five  tandem  links. 

In  Chapter  5  the  Conclusions  and  recommendations  of  the  study  are 
given.  The  study  concludes  that  some  isolated  pairs  of  users  will  exist 
in  the  transitional  system  of  the  1980*s,  hut  the  occurrence  of  isolated 
pairs  of  subscribers  may  be  minimized  by  providing  digital  transmission 
paths  to  directly  interconnect  communities  of  16  KB/s  users.  The  system 
designs  for  the  U.S.  Army  System  and  the  overall  DoD  System  include  work¬ 
able  interoperability  solutions.  By  managing  the  transition  in  an  en¬ 
lightened  manner,  the  reliability  of  secure  voice  communications  may  be 
enhanced  and  the  operational  capability  to  satisfy  new  data  communications 
needlines  may  be  increased .  Chapter  5  includes  a  brief  summary  of  the 
study. 

PROTECTIVE  MARKING 

The  "For  Official  Use  Only"  protective  marking  on  the  pages  of 
this  thesis  is  applied  due  to  the  protective  markings  on  six  of  the  refer¬ 
ences  cited.  In  particular  the  Bibliography  entries  numbered  5,  8,  20,  26, 
27,  and  28  possess  protective  markings.  No  protective  marking  is  applied 
to  the  Abstract  on  page  ill.  (The  Abstract  is  approved  for  public  release? 
distribution  unlimited.) 


INTRODUCTION 


In  thin  Initial  chapter  we  examine  the  technical  characteris¬ 
tics  of  various  analog  and  digital  voice  links  that  will  be  employed 
in  future  systems*  The  nature  of  the  voice  signal  is  addressed  in  the 
first  section  by  examining  speech  production,  a  simple  model,  and  spec¬ 
trum  analysis.  Analog  transmission  is  the  topic  of  the  second  section* 
The  third  and  most  important  section  reports  an  examination  of 
digital  transmission  of  speech,  Pulse  code  modulation  (PCM),  delta 
modulation  (DM),  and  the  vocoder  are  considered*  The  chapter  concludes 
with  a  summary. 


NATURE  OP  THE  VOICE  SIGNAL  1 

The  purpose  of  a  voice  communication  system  Is  to  convey  the 
voice  signal  from  subscriber-to-subscriber  In  such  a  manner  that  the 
listener  may  understand  the  spoken  words  and  perceive  the  subjective 
quality  of  the  talker's  speech*^  The  thrust  of  voice  communications 
system  planning  is  to  devise  and  implement  efficient  methods  to  convey 
an  intelligible  representation  of  the  voice  signal*  For  these  reasons, 
our  study  begins  with  an  examination  of  the  nature  of  the  voice  signal. 

Speech  Production  3 

The  human  voice  signal  is  an  acoustic  waveform  produced  by  the 
interaction  of  the  articulation  of  the  vocal  tract  with  the  excitation 
of  rushing  air  from  the  lungs*  We  examine  the  distinct  functions  of 
excitation  and  vocal-tract  articulation  to  seek  insight  Into  the  nature 
of  the  voice  signal. 

Excitation.  Human  speech  originates  in  the  larynx  —  a  box¬ 
like  structure  of  cartilage  at  the  upper  end  of  the  trachea.  The  larynxx 
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houses  two  lips  of  ligament  and  muscle  called  the  vocal  cords,  The 
opening  between  the  vocal  cords  is  called  the  glottis. 

Voiced  speech  is  produced  by  forcing  air  through  the  glottis 
while  the  vocal  cords  are  held  under  tension.  The  glottis  vibrates 
open  and  shut  generating  a  quasi-periodic  flow  of  air  —  a  pulse  train 
acoustic  time  function  rich  in  harmonics.  The  fundamental  frequency 
of  the  vocal  cord  oscillation  is  called  the  voice  pitch. 

Unvoiced  speech  is  produced  by  a  turbulent  flow  of  air  past  a 

constriction  in  the  vocal  tract,  or  by  a  release  of  pressure  at  some 

*> 

point  of  closure  in  the  tract.  Unvoiced  excitation  is  an  acoustic 
noise  source,  a  signal  Kith  a  broad  spectrum. 

The  Ma"  in  the  word  "father"  is  an  example  of  voiced  speech. 

The  V  in  the  word  ’'see"  is  unvoiced.  Several  sounds  are  generated 
with  a  combination  of  both  voiced  and  unvoiced  excitation;  an  example 
is  the  V*  in  "zoo." 

A  key  observation  about  the  excitation  signal  is  that  it  is 
broad -band,  Thai  is,  the  signal  has  energy  spread  over  a  wide  interval 
of  frequency.  The  Fourier  amplitude  spectrum  of  the  excitation  signal 
would  reveal  a  spread  of  energy  from  less  than  100  Hz  to  more  than  10  kHz, 

The  broad-band  excitation  signal  may  be  compared  to  the  carrier 
signal  in  radio  communication.  In  radio,  the  message  is  modulated  onto 
the  carrier.  In  human  speech,  the  message  is  imposed  upon  the  excita¬ 
tion  signal  by  the  articulation  of  the  vocal  tract. 

Vocal  tract.  The  message  the  talker  wants  to  convey  is  imposed 
on  the  excitation  signal  by  the  changes  in  position  of  the  tongue,  lips, 
and  other  moving  parts  of  the  tract,  These  moving  parts  are  called  ar¬ 
ticulators  and  their  activity  in  creating  the  spoken  language  is  called 

articulation.  During  articulation  the  vocal  cavity  assumes  different 
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positions  causing  resonances  in  the  tract  which  alter  the  spectrum  of 
the  excitation  signal.  Thus,  the  differences  between  sounds  perceived 
by  a  human  listener  depend  upon  both  the  excitation  and  vocal- tract 
articulation  of  the  talker.  The  different  sounds  of  speech  are  called 
phonemes . 

Phonemes.  The  phoneme  is  the  smallest  unit  of  speech  that  dis¬ 
tinguishes  one  utterance  from  another.  General  American  English  has 
about  Uz  phonemes.  We  may  think  of  the  set  of  phonemes  as  a  code,  un¬ 
iquely  related  to  the  articulatory  gestures  of  the  language-. 

The  vowel  sounds  of  speech  are  produced  by  voiced  excitation 
of  the  vocal  tract  (e.g.,  the  "a"  in  ’'father").  In  normal  articulat¬ 
ion  the  tract  is  held  in  a  relatively  stable  position  during  the  pro¬ 
duction  of  a  vowel  sound.  Vowels  usually  have  a  duration  of  60  to  200 
msec.  The  vowel  phonemes  may  be  uttered  as  sustained  sounds,  requiring 
no  articulatory  motion. 

Aside  from' the  vowels,  the  remaining  phonemes  are  referred  to 
as  consonants,  some  of  which  are  more  transitory  in  nature.  Fricative 
consonants  are  produced  by  noise- like  excitation  of  the  vocal  tract 
caused  by  turbulent  air  flow  at  a  constriction.  The  vocal-cord  source 
may  operate  in  conjunction  with  the  noise  source  to  produce  a  voiced 
fricative  (e.g.,  the  "z"  in  "zoo"). 

Stop  consonants  are  produced  by  the  abrupt  release  of  pressure 
at  a  place  of  closure  in  the  tract  (e.g.,  the  "t"  in  "to").  The  arti¬ 
culatory  movements  which  generate  stop  consonants  are  more  rapid  than 
for  other  sounds.  Stops  may  be  voiced  or  unvoiced.  . 

The  remaining  consonants  are  classified  as  nasals,  glides,  semi¬ 
vowels,  diphthongs,  and  affricates.  Further  insight  into  the  nature 
of  vowels  and  consonants  may  be  gained  by  examining  typical  waveforms. 
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Typical  waveforms.  The  waveforms  of  two  phonemes  (spoken  'by 
a  female  talker)  are  shown  in  Figure  1.  Each  plot  illustrates  the 
waveform  of  9.  5i»2  msec  segment  of  conversational  speech.  The  scale 
on  the  abscissa  is  12  msec/inch,  and  scale  marks  are  spaced  at  5  msec 
intervals.  The  stop  consonant  "t"  in  "Gift  is"  is  shown  in  Part  (a). 
The  closure  portion  of  the  "t"  lasts  about  40  msec.  The  silence  of  clo¬ 
sure  is  followed  by  a  burst,  signaling  the  release  of  pressure  at  the 
closure .  The  burst  response  decays  with  roughly  exponential  envelope 
to  a  low  level  aspirated  noise,  (To  aspirate  is  to  pronounce  with  a 
breathing,  as  in  the  fricative  "h"  in  "he",)  The  burst  decays  in  10 
msec,  while  the  following  aspiration  lasts  about  20  msec  before  the 
buildup  of  the  vowel  "i"  in  "gift  is".  A  51.2  msec  segment  of  the  vo¬ 
wel  "i"  is  shown  in  Part  (b).  The  last  5  msec  of  the  aspirated  noise 
is  displayed  at  the  extreme  left.  Voicing  begins  with  a  pitch  of  ap¬ 
proximately  135  Kz,  and  within  about  15  msec  the  waveform  displays  the 
stationary  character  of  a  sustained  vowel.  The  maximum  amplitude  of 
the  vowel  in  Part  (b)  is  five  times  that  of  the  stop  consonant  in 
Part  (a).  4  . 

Hotice  the  noise-like  nature  of  the  unvoiced  stop  consonant  in 
Part  (a).  In  contrast,  the  vowel  in  Part  (b)  is  stationary  over  an  in¬ 
terval,  and  is  almost  periodic.  The  periodic  segments  repeat  at  5»k 
msec  intervals.  (The  reciprocal  of  the  5.4  msec  pulse  interval  yields 
the  pitch  frequency,  185  Hz.  ) 

In  summary,  we  conclude  that  excitation  and  vocal  tract  articu¬ 
lation  are  the  two  distinct  functions  in  the  production  of  human  speech. 
This  simple  view  of  speech  production  motivates  a  model  that  is  widely 
used,  in  analysis  -  synthesis  devices  which  communicate  the  human  voice 
signal  in  an  efficient  manner. 
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Figure  1.  Typical  Speech  Waveforns  (Female  Talker) 

(a)  The  Stop  Consonant  "t"  in  "gift  is, 

(b)  The  Vowel  "i"  in  "gift  is" 
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The  Simplified  Model 

The  speech  waveform  may  be  decomposed  into  excitation  and  vocal 
tract  components.  Such  decomposition  is  the  central  strategy  of  nearly 
©very  speech  analysis-synthesis  system,  The  strategy  was  conceived  by 
Homer  Dudley  at  the  Bell  Telephone  laboratories  and  incorporated  into 
his  invention  of  the  channel  vocoder  in  I039.  5  Speech  bandwidth  reduc¬ 
tion  (or  data  rate  reduction)  research  during  the  last  three  decades 
has  been  dominated  by  the  intuitive  strategy  pioneered  by  Dudley, 

The  speech  signal  may  be  viewed  as  a  response  of  a  linear  sys¬ 
tem  (the  vocal  tract  ".filter")  to  one  or  more  sound  sources  (i.e,,  the 
excitation)*  This  statement  is  the  essence  of  the  acoustic  theory  of 
speech  production  described  by  Gunnar  Pant.  0  During  a  voiced  sound, 
a  periodic  pulse-train  excitation  signal  e(t)  is  the  input  to  the  lin¬ 
ear  time  -in  varient  vocal- tract  filter  which  has  impulse  response  v(t). 

The  resulting  speech  waveform  s(t)  is  the  convolution  of  e(t)  with  v(t).  ? 


s(t)  =  eft)  <8  vft)  -  f  eCr)  vft-r)4r 


j 
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In  this  simplified  model,  unvoiced  sounds  are  assumed  to  be 
produced  in  the  same  fashion,  except  that  e(t)  is  considered  to  have 
the  character  of  stationary  random- noise. 

The  word  "stationary"  applies  to  the  three  assumptions  of  the 
model  j  (1)  IT'(t)  is  the  impulse  response  of  a  time-invarient  filter 
(i.e.,  the  articulators  are  not  moving);  (2)  For  unvoiced  sounds,  e(t) 
is  considered  to  be  a  stationary  random  process;  (3)  For  voiced  sounds, 
e(t)  is  periodic. 

The  articulatory  gestures  in  speech  production  are  relatively 


slow  --  compared  to  a  pitch  period  —  so  we  may  think  of  the  speech 
waveform  as  being  constructed  of  short  segments,  each  segment  corres¬ 
ponding  to  a  fixed  vocal -tract  configuration.  The  motion  of  the  arti¬ 
culators  is  continuous,  so  the  simplified  model  may  be  used  for  success¬ 
ive  short  segments  during  which  only  incremental  movement  of  the  tract 
occurs. 

The  simplified  model  of  speech  production  is  illustrated  in 
Figure  2.  Typical  waveforms  for  e(t),  V'(t),  and  s(t)  for  voice  speech 
are  sketched  at  top  of  Figure  2.  The  corresponding  amplitude  spectra 
I  E(f)|  ,  \V(£)\  ,  and  b(f*  are  sketched  at  the  bottom  of  Figure  2.  ® 
Notice  that  the  interval  between  pulses  in  e(t)  is  the  pitch  period , *l{0  ,  9 
The  lines  in  the  spectrum  E(f)  are  spaced  l/j£,  representing  the  funda¬ 
mental  pitch  frequency  and  the  set  of  harmonic  frequencies.  ^ 

Decomposition  of  speech  into  excitation  and  vocal  tract  compon¬ 
ents  using  the  simplified  model  is  the  key  feature  of  that  class  of 
analysis -synthesis  systsns  known  as  vocoders.  We  return  to  the  subject 
of  analysis-synthesis  in  a  subsequent  section. 

Another  description  of  the  strategy  of  the  vocoder  is  that  it 
attempts  to  preserve  the  short-time  spectrum  of  the  speech  signal.  We 
examine  the  short-time  spectrum  in  the  next  section. 

Spectrum  Analysis  of  Speech 

The  traditional  tool  for  spectrum  analysis  of  signals  and  linear 
systems  is  the  Fourier  transform  pair. 


The  speech  signal,  however,  is  not  known  over  all  time.  In  ad¬ 
dition,  delay  in  excess  of  several  hundred  milliseconds  is  not  tolerable 


in  voice  communications.  Furthermore ,  the  stationary  assumptions  of 
the  simplified  model  are  only  valid  over  short  segments  of  the  speech 
signal.  For  these  reasons,  the  Fourier  transform  of  equation  (1-2)  must 
be  modified. 


Short-time  spectrum.  For  speech  we  desire  a  frequency  repre¬ 
sentation  which  puts  in  evidence  the  spectral  content  of  short  segments 
of  the  waveform.  To  this  end,  we  choose  a  window  function  w(t)  which 
is  causal  (i.e. ,  w(t)  ■=  0  for  t<0)  and  essentially  non- zero  only  over 
a  duration  D.  Forming  the  product 

r>  w’Ct-i') 


and  Fourier  transforming  yields  the  short-time  spectrum  S(t,f). 


SOM)*  f  sc*SYtLt’i)eLXW*rdr 


(1-3) 


The  short-time  spectrum  S(t,f)  is  the  Fourier  transform  of  the  recent 
past  of  the  time  function  s(Y)  weighted  by  the  window  function  w(t-Y  ) .  H 


The  short-tirae  spectrum  is  the  key  analysis  tool  employed  in  various  im¬ 
plementations  of  the  vocoder.  S(t,f),  measured  by  analysis  at  successive 
time  intervals  t  -  t^,  t^*  ******  is  smoothed  in  frequency  to  remove 
the  influence  of  the  pitch  harmonics.  The  smoothed  version  of  the  short- 
time  amplitude  spectrum  S(tp,  f).  is  an  approximate  measurement  of  the 
vocal-tract  amplitude  spectrum  for  the  time  epoch  corresponding  to  t^. 
(Smoothing  may  be  accomplished  by  convolution,  e„g,,  time  functions  are 
smoothed  by  low- pass  filtering.) 


Digital  spectrum  analysis.  Digital  spectrum-analysis  is  accom¬ 
plished  with  the  discrete  Fourier  transform  (DFT)  pair: 

^  .  ,,  -jiirnK/N 


S(KF)=  )>~  sent)  eJ 
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T  is  the  sampling  interval  of  the  time  function  s(t);  K  is  the  number 
of  samples  to  be  transformed?  and  F  =  l/jJT  is  the  sampling  of  the  spec¬ 
trum.  ^ 


To  obtain  the  discrete  short-time  Fourier  transform,  we  intro¬ 
duce  the  window  function  into  equation  (1-4)* 

N~l  .  f  / 

V"  i  -j2irnK/M 

Sr(KF)=  2_  wC"T)s(nT+  »N\Tje  (1_5) 

H=o 


The  index  r  corresponds  to  the  running  time  variable  in  S(t,f).  The 
short-time  spectrum  is  evaluated  at  times  t— r  KT  for  r=i ,  2, » . . . .  The 
window  is  propogated  along  the  time  function  in  steps  of  MT  seconds. 
The  ease  of  Implementation  of  the  DFT  on  modem  digital  com¬ 
puters  has  contributed  to  the  increased  interest  in  digital  voice 
research  in  the  last  decade.  Short-time  spectrum  analysis  is  a  very 
powerful  tool  in  studying  the  nature  of  speech  and.  in  representing 
speech  efficiently. 


Human  hearing:.  There  is  evidence  that  the  ear  performs  a  mech¬ 
anical  short-time  spectrum  analysis  at  an  early  stage  of  processing, 
Flanagan  has  advanced  a  filter  model  for  this  observed  effect,  *3 

In  the  middle  of  the  last  century,  Ohm  formulated  his  famous 
law  which  stated  that  "aural  perception  depends  only  on  the  amplitude 
spectrum  of  a  sound  and  is  independent  of  the  phase  angles  of  the  var¬ 
ious  frequency  components  contained  in  the  spectrum. "  ^  The  contro¬ 
versy  over  the  ability  of  the  human  to  perceive  phase  continues.  It 
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is  widely  accepted,  however,  that  the  human  hearing  process  is  pre-  ' 
dominantly  insensitive  to  phase , 

Moderate  phase  distortion  in  a  telephone  channel,  for  example, 
does  not  result  hi  perceptable  degradation  of  voice  quality  to  the 
listener.  In  the  context  of  vocoder  communications,  phase  information 
is  discarded  to  achieve  economy  of  transmission  (i.e.,  only  the  ampli¬ 
tude  spectrum  is  conveyed  to  the  receiver), 

Summary 

The  physical  functions  of  speech  production  are  excitation 
and  vocal-tract  articulation.  Excitation  is  voiced  and  quasi- periodic, 
or  unvoiced  and  noise-like.  The  excitation  signal  spectrum  is  broad 
in  frequency.  The  message  is  Imposed  on  the  excitation  signal  by  the 
vocal  tract.  The  phonemes  of  speech  differ  in  one  or  more  features: 

(1)  the  state  of  voicing,  (2)  the  duration,  and  (3)  the  gross  shape  of 
the  short-time  spectrum. 

The  simplified  model  of  speech  production  is  a  stationary  re¬ 
presentation  which  describes  speech  as  the  response  of  a  linear  filter. 

The  use  of  short-time  spectrum  analysis  is  the  method  used  in  the  vo¬ 
coder  to  measure  the  effect  of  the  vocal  tract  in  successive  segments 
of  speech. 

ANALOG  TRANSMISSION  -  THE  TELEPHONE  CHANNEL 


"Transmission  is  the  part  of  communications  engineering  con¬ 
cerned  with  transmitting  messages  between  sources  and  receivers  • " 

For  many  decades  the  focus  of  transmission  engineering  was  the  analog 
channel.  The  key  concerns  were  defining  and  maintaining  bandwidth, 
loss  and  interference-  objectives,  and  fielding  economical  multiplexers 


and  radio  links  in  a  reliable  snitched  network. 

The  microphone  in  a  telephone  handset  is  a  transducer  that 
transforms  the  acoustic  voice  signal  (the  source)  into  an  electrical 
signal  -  the  electrical  analog.  The  analog  telephone  circuit  conveys 
the  signal  to  the  receiver  (the  sink-the  human  listener)  through  a 
"pathway”  of  electromagnetic  potential.  The  pathway  may  be  composed 
of  many  links  of  wire,  cable,  and  radio.  An  analog  transmission  link 
retains  the  input  signal  in  some  form  of  a  continuous  waveform. 

The  Linear  Channel 

An  analog  transmission  link  may  "be  modeled  as  a  linear  system 
with  additive  noise.  Such  a  link  is  illustrated  in  Part  (a)  of  Figure  3 
The  impulse  response  of  the  channel  is  h(t).  The  Fourier  transform  of. 
h(t)  is  H(f).  The  following  relationships  hold. 

3^=  s  C*)  ®  hOt)  +  Mft) 

Y(f)  =  stf)  H(f)  +  N(f)  <w) 

The  first  term  on  the  right  side  of  (1-6)  is  the  signal  component  of 
the  output,  which  has  magnitude  I  «f)  I  •  1  HOf)  I  or  converting 
to  decibels  (dB)  becomes  |  jg  +-  J  HCfl  { 

Thus,  the  linear  channel  modifies  the  input  by  attenuation  of  some  fre¬ 
quency  components,  and  by  adding  noise. 

The  attenuation  of  a  typical  channel  (of  one  link)  is  sketched 
in  Part  (b)  of  Figure  3*  The  channel  response  begins  to  roll-off  at 
frequencies  below  about  400  Hz,  and  cuts  off  sharply  near  200  Hz,  At 
the  high  frequency  end,  the  response  cuts  off  at  about  3.5  kHz.  Such  a 
channel  is  called  a  ”3  kHz  channel.”  (The  dotted  curve  in  Part  (b)  il¬ 
lustrates  the  response  of  a  2,5  mile  non-loaded  cable  channel.) 
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Figure  3.  The  Unear  Channel 

(a)  The  Channel  Model,  (b)  Attenuation 

of  the  Channel. 
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Consider  a  circuit  that  is  composed  of  five  channel  links  in 
tandem.  (Tandem  links  are  links  connected  in  series,  to  establish  an 
end-to-end  circuit.)  The  version  of  the  speech  signal  at  the  output  re¬ 
flects  the  cumulative  attenuation  of  the  five  links,  and  would  be  accom¬ 
panied  by  the  noise  contributions  of  each  link.  Thus,  the  topology  of 
the  telephone  network  must  be  engineered  in  concert  with  the  choice 
of  message  channel  objectives. 

Message  channel  objectives  in  the  3ell  System  include  loss  and 
volume,  frequency  response,  noise,  and  echo.  Noise  includes  random 
noise,  crosstalk,  low  frequency  hum,  impulsive  noise,  and  intermodula¬ 
tion  (due  to  nonlinearities  in  the  channel).  A  typical  design  objective 
for  noise  on  a  4000  mile  link  in  the  Bell  System  is  -46  dBm..  (dBm  is  a 
measure  of  power  relative  to  one  milliwatt.) 

The  linear  channel  model  is  a  useful  one  that  is  reasonable  to 
describe  the  performance  of  analog  channels  and  "high  quality”  digital 
channels  (such  as  the  PGM  used  in  the  Bell  System)  for  conveying  voice 
signals.  The  performance  of  an  analog  channel  for  conveying  non-voice 
signals  (e.g.,  analog  facsimile  and  digital  modem  signals)  is  limited 
by  impairments  that  are  not  adequately  described  in  the  linear  model 
(e.g.,  phase  distortion  and  various  nonlinearities). 


Volume  and  Signal- to-Noise  Ratio 

A  simple  periodic  voltage  can  be  measured  by  several  methods: 
the  peak,  the  average,  or  the  root-mean-square  (rms).  Each  measure  may 
be  used  to  compute  power.  A  sinusoidal  test-tone  "signal"  of  power  0 
dBm  if  combined  with  a  noise  power  of  -46  dBm  would  yield  a  signal-to- 
noise  ratio  (SNR)  equal  to  46  dB.  But  speech  is  not  a  simple,  periodic 
signal. 


The  nature  of  speech  is  such  that  the  average,  rmc,  and  peak 


valuer,  (and  the  ratio  of  one  to  the  other*)  are  all  irregular  functions 
of  time.  A  practical  method  of  measuring  speech  volume  has  evolved, 
using  an  mas  meter  with  an  integrating  time -constant  of  syllabic  dur¬ 
ation.  Such  a  measurement  provides  a  useful  measure  of  speech  power  in 
volume  units  (vu)  on  a  dB  scale.  In  this  manner,  a  signal  volume  mea¬ 
sure  of  -6  dBm  combined  with  a  -46  dBm  noise  may  be  interpreted  as  a 
SNR-40  dB.  (SKR  measurements  or  "predictions"  must  be  interpreted 
with  caution.  For  example,  if  a  talker's  input  volume  is  20  dB  below 
the  nominal  level,  the  SKR  at  the  receiver  may  be  degraded  by  20  dB. 

Most  SNR  calculations  and  measurements  are  performed  for  some  rather 
simple  ''test-signal "  such  as  an  800  Hz  sinusoid,  a  triangular  wave,  or 
a  stationary  ''Gaussian  signal. "  Such  calculations  and  measurements 
are  useful,  but  do  not  establish  channel  performance  for  either  voice 
or  non-voice  signals.) 

Summary 

The  analog  channel  is  the  central  consideration  in  the  design 
of  a  switched  telephone  network.  The  channel  may  be  modeled  as  a  linear 
system,  with  additive  noise.  The  key  impairments  are  loss,  attenuation, 
noise  of  various  sources,  and  echo.  Signal-to-noise  ratio  is  an  impor¬ 
tant  measure  of  performance.  A  typical  long  distance  call  in  the  Bell 
System  would  deliver  an  end-to-end  circuit  with  S1IR  better  than  35  dB. 

DIGITAL  TRANSMISSION  OF  SIEEOH 

Digital  communications  has  been  a  field  of  rapid  growth  over 
the  past  15  years.  Many  diverse  factors  converge  to  hasten  the  con¬ 
version  of  systems  said  subsystems  to  digital.  Some  of  these  factors  are 


(1)  the  economy  of  digital  transmission  for  expansion  of  circuit  capa¬ 
city  in  urban  areas,  (2)  the  reliability  of  digital  hardware ,  (3)  im¬ 
provements  in  device  technology,  (4)  the  growth  of  computer  applications 
with  increased  need  for  data  communication,  and  (5)  the  need  for  secu¬ 
rity.  The  last  of  these  factors  is  perhaps  the  dominant  one  in  mili¬ 
tary  systems. 

A  signal  nay  be  secured  against  intercept  and  decoding  only  by 
digital  encryption.  1?  Thus ,  secure  voice  service  requires  conversion 
of  speech  to  digital  form  and  a  digital  eommunics.tions  network  to  in¬ 
terconnect  subscribers.  In  this  section  we  examine  the  mechanism  of 
conversion  of  speech  to  digital  (with  the  companion  conversion  back  to 
analog). 

Digital  Signal  Processing 

The  steps  in  converting  an  analog  signal  to  a  digital  signal 
are  sampling,  quantization,  and  coding.  We  define  a  digital  signal  to 
be  a  time  function  of  binary  pulses  or  binary  "states!"  A  digital  sig¬ 
nal  may  take  on  one  of  two  values  (or  states)  in  each  pulse  interval.  18 
Sampling  converts  the  analog  signal  to  one  that  is  discrete  in  time. 
Quantization  converts  time  discrete  samples  (of  continuous  amplitudes) 
into  discrete  amplitudes.  Codina  converts  the  time  and  amplitude  dis¬ 
crete  samples  into  binary  pulses.  The  process  of  analog- to-digital  (A/D) 
conversion  is  then  complete . 

The  digital  signal  is  conveyed  to  the  receiver  (or  to  a  point 
of  analog  interface)  and  the  inverse  steps  are  employed  to  reconstruct 
the  analog  signal.  The  reconstruction  process  is  called  digital-to- 
analog  (D/a)  conversion. 

Sampling.  The  first  step  in  a/D  conversion  is  sampling. 
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Sampling  converts  sn  analog  signal  s(t)  into  a  ''stairstep"  function- 
which  h?s  amplitudes  s(nT)  in  each  tine  interval  of  width  T,  for  n  - 
0,1., 2,...  .  The  swapling  theorem  for  low-pass,  band-linited  signals 

follows ? 

!'  low- pass,  bead -limited  function  having  no  frequency 
components.  outside  tho  intern}  1  of  frequency  from  -•?  to 
r  lie  may  be  described.  uniquely  end  completely  for  all.  tiro, 

’ey  the  net  of  eanpl'*  values  ts’cen  at  time  instants  separated 
ty  l/?F  seconds  or  l.er.s,  *2 

The  sampling  theorem  provides  s  ratheiiatinal  basic  for  converting  an 
analog  signal  into  a  time-discrete  one  which  car.  bo  reconstructed  identi¬ 
cally  to  the  original  signal.  In  practice,  hardware  limitations  make 
tho  reconstruction  loss  than  perfect,  but -the  imperfect  ions  maybe 
essentially  negligible .  The  dominant  impairment  hi  tho  A/D  -  ufk  pro- 
cos  n  is  quantisation, 

■'■W.euti/Cc  tior.  XAasccr 'quantisation  is  tho  "rounding  off"  of  the 
amplitude  of  each  tine  sample  to  or.e  of  a  discrete  set  of  amplitudes. 

The  process  is  essentially  the  same  as  rounding  off  a  series  of  numbers 
to  a  fired,  number  of  decimal  places,  A  linear  quantiser  is  one  with  equal 
quantum  steps  between  levels. 

Binary  Coding,  The  final  step  In  A/D  conversion  is  the  coding 
of  time  and  amplitude  discrete  samples  into  binary  pulses.  Suppose  the 
signal  ir>  sampled  at  intervals  of  T  seconds,  and  the  quantiser  has ' 

•DO 

1  «  2f  =  ?.°  «  256' 

level  ft,  Kach  of  the  ?.*6  levels  may  be  uniquely  labeled  (or  signaled.)  by 
a  3  =  8  Bit  binary  number  (or  word),  (A  Bit  ic  a  binary  digit,  with  value 
zero  or  one.)  In  this  runner  a  signs!  that  is  sampled  at  intervals  T 
seconds  and  quantized  to  ?5'5  levels  nay  be  converted  by  coding  tc  a 
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digital  signal  of  binary  pulses  with  pulse  interval  T/8  seconds* 

An  example  of  practical  importance  is  pulse  code  modulation  (PCM). 
Speech  is  low-pass  filtered  to  3  kHz  and  sampled  at  1/T  -  8  kHz,  Quan¬ 
tization  to  L  «  256  levels  is  followed  by  binary  coding  to  B  -  8  Bits/ 
sample.  The  resulting  digital  signal  rate  is 

I  °  B/T  »  (8  Bits/ Sample)  (8000  Samples/sec) 

The  channel  rate  for  8  Bit  PCM  is  64,000  Bits/sec  (64  kB/s).  (The  symbol 
I  represents  the  bit  rate  of  a  digital  channel  or  a  digital  signal.) 

Pulse  Code  Modulation  (PCM) 

The  most  widely  employed  digital  voice  technique  is  pulse  code 
modulation  (PCM).  PCM  was  developed  in  the  1950's  and  fielded  in  the 
Bell  System  beginning  in  the  early  1960*s.  Bell  Telephone  T-l  facilities 
are  deployed  now  in  many  U.S.  cities,  and  expansion  continues.  20 

Linear  PCM.  The  steps  in  linear  PCM,  discussed  above,  are  il¬ 
lustrated  in  the  diagram  of  Figure  4.  The  staircase  function  is  the 
input  versus  output  characteristic  of  the  quantizer.  (Note  that  the 
quantizer  is  not  a  linear  system.  A  quantizer  with  uniform  quantum- 
step  size  is  commonly  referred  to  as  a  •linear"  quantizer.  Thus,  the 
label  linear  PCM  is  common.)  Quantization  is  the  deliberate  and  domi¬ 
nant  source  of  Impairment  in  PCM.  The  error  introduced  by  quantization 
represents  a  loss  of  information,  and  is  called  quantization  noise 
(shown  as  en  at  the  quantizer  output).  After  passing  through  a  chan¬ 
nel  (assumed  to  be  error-free)  the  digital  signal  is  decoded  to  an  L 
level  staircase  version  (equivalent  to  that  at  the  quantizer  output). 
Low-pass  filtering  completes  the  D/A  process. 

The  following  expression  may  be  derived  for  one  link  of  linear 
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Equation  (1~?)  reveals  that  one  link  of  8  Bit  PCM  should  yield  SNR  « 

40,8  dB,  The  equation  was  derived  for  a  triangular  "signal"  with  an 
input  level  that  exactly  fills  the  amplitude  rang©  of  the  quantiser* 
notice  that  if  the  input  signal  level  were  increased,  some  samples 
would  fall  outside  the  quantiser  range,  causing  overload  distortion 
and  decreasing  the  SNR.  Similarly,  decreasing  the  Input  signal  below 
the  optimum  level  decreases  the  SNR  by  an  identical  amount.  This  dis¬ 
cussion  highlights  the  key  weakness  of  linear  KM,  poor  dynamic  range. 

The  phoneme  sounds  of  speech  vary  in  power  over  a  range  of  10 
to  15  dB,  and  variation  among  different  talkers  gives  a  spread  of  10 
dB  or  so.  Thus,  SI©  performance  is  Important  over  a  range  of  input 
signal  level  of  20  to  30  dB.  (Another  important  aspect  is  the  tandem- 
ing  of  links,  a  topic  we  return  to  below,) 

Companded  PCM.  Companding  is  a  method  of  improving  the  dynamic 
range  of  a  voice  trunk.  Companding  means  compression  followed  by  ex¬ 
pansion.  Companding  may  be  thought  of  as  a  nonlinear  gain- loss  mechan¬ 
ism  that  amplifies  weak  signals  (at  the  transmitter)  to  improve  the  SNR 
performance  on  the  channel  (compression).  Attenuation  of  (the  previously 
amplified)  weak  signals  at  the  receiver  (expansion)  restores  the  signal 
to  its  original  (amplitude)  balance. 

Instantaneous  companding  is  employed  with  PCK  using  a  nonlinear 
(logarithmic)  compression  characteristic.  The  companding  is  performed 
on  a.  sample -by- sample  basis,  with  no  interaction  between  samples  (i.e. , 
instantaneous  companding,  the  process  has  no  memory).  In  the  U.  S.,  Japan 
and  several  other  countries  the  compression  law  employed  is  the  j4  -Law 
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Where  X  is  the  compressor  input,'.  Y  the  output,  V  the  clipping  level 
(the  maximum  range  of  the  quantizer),  and p  is  the  compression  design 
parameter.  The  curve  is  odd  symmetric  for  negative  inputs,  22 

The  ShR  performance  for  companded  FCK  is  illustrated  in  Figure  5 
as  a  function  of  input  signal  level  (ISL).  ISL  is  given  in  dB  below  the 
clipping  level. 

Curve  (a)  shows  the  rugged  SNR  performance  of  the  -Jit/sec  PCH 
used  in  the  Bell  System,  SI®  >  3odB  over  a  40  dB  range  of  IJL.  By  con¬ 
trast  curve  (b)  shows  the  SNR  performance  of  the  48  KBit/sec  companded 
PCM  used  in  the  U.S.  Army  TD-660  multiplexer.  (Notice  that  on  either 
side  of  the  twin  peaks  of  the  curve,  SI5B  falls  off  at  the  rate  of  about 
.8  dB  per  dB  change  of  ISL.  Tnis  property  appears  to  be  important'  in  the 
performance  of  tandem  links.)  Curve  (c)  is  an  approximation  of  the  SNR 
characteristic  for  CVSD,  a  version  of  delta  modulation. 

^.v 

Delta  Modulation  (DM)  Zh 

Delta  Modulation  (DM)  is  a  digital  voice  technique  that  employs 
one-Bit  quantization  of  the  difference  between  successive  samples.  The 
binary  difference  is  a  measure  of  slope,  coded  as  positive  or  negative 
(i.e„,  binary  -1  or  1).  An  integrator  feedback  path  forms  a  local  recon¬ 
struction  of  the  prediction  of  the  signal  (at  the  transmitter).  DM  de--- 
Bsrers  improved  performance  over  PCM  at  channel  rates  below  about  30  KBits/ 
sec,  and  is  a  very  robust  performer  over  a  digital  channel  of  high  error 

rate . 

Linear  DM  suffers  the  same  limitation  as  linear  PCM,  i.e.,  poor 
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dynamic  range.  To  improve  -the  dynamic  range  performance  various  forme 
of  companding  have  been  implemented.  Vie  focus  here  on  the  version  se¬ 
lected  for  use  in  the  Deportment  of  Defense,  i.e,,  continuously  variable 
slope  delta  (CVSD)  modulation,  CVSD  employs  adaptive  companding  that  ad¬ 
justs  the  effective  slope  signaled  by  each  binary  output  digit.  The 
adjustment  is  controlled  by  the  weighted  average  of  slope- overload  con¬ 
ditions,  summed  over  an  interval  of  syllabic  duration.  The  effect  of  the 
companding  is  to  vary  the  step-size  of  the  binary  slope  quantiser  to  fol¬ 
low  the  short-time  energy  fluctuations  in  the  signal. 

Curve  (c)  of  Figure  5  illustrates  the  SI®  performance  of  CVSD 
with  channel  rate  16  KBits/ sec.  The  peak  SKR  is  about  16  d3.  The  width 
of  the  fist  region  of  near  maximum  S1?R  performance  depends  on  the  choice 
of  compander  design  parameters,  (in  particular,  the  choice  of  the  corn- 
ponding  ratio,  maximum  slope  to  minimum  slope,  dominates  the  dynamic  range 
of  CVSD.) 

TCM  and  DM  are  digital  voice  techniques  that  seek  to  reconstruct 
a  replica  of  the  original  signal  at  the  receiver  that  is  corrupted  only 
by  quantizing  noise,  A  different  strategy  is  employed  In  analysis-synthesis 
techniques. 

Analysis-Synthesis,  the  Vocoder  ^5 

The  strategy  of  analysis-synthesis  techniques  such  as  the  vocoder 
("voice-coder")  is  to  achieve  low  digital  channel  rates  by  decomposing 
speech  into  excitation  and  vocal-tract  components.  Excitation  may  be  ef¬ 
ficiently  coded  into  one  number  (5  to  7  Bits)  for  each  stationary  interval 
(or  analysis-frame)..  Excitation  is  coded  to  signal  the  state  of  voicing 
(i.e,,  voiced  or  unvoiced)  and  an  estimate  of  pitch  frequency  (for  voiced 
sounds). 


The  vocal-tract  description  is  analysed  by  short-time  spectrum 
analysi.  at  th.  tnsssittsr.  *  qusntiMd  ajproalmatKm  of  the  -vocal- 
tract  filter"  la  conveyed  to.  tbs  receiver,  deconstruction  of  a  synthetic 
version  of  speech  la  aocompllahed  at  the  receiver  by  exciting  a  tine-vary¬ 
ing  filter  which  enploys  the  received  vocal-tract  paraneters  with  a  pulse 
or  noise  excitation* 

The  vocoder  process  is  identical  to  the  simplified  model  of  speech 
production.  The  process  is  performed  in  sequence  for  each  "frame”  of  in¬ 
put  speech*  A  typical  frame  interval  is  20  msec  or  30  msec. 

The  channel  vocoder  has  been  employed  in  military  systems  for 
many  years,  A  channel  vocoder  is  one  that  employs  a  bank  of  channel  fil¬ 
ters  to  measure  the  approximate  vocal-tract  spectrum.  A  typical  channel 
rate  is  2*4  KBits/sec. 

The  key  advantage  of  the  vocoder  is  its  low  channel  rate.  (A 
typical  vocoder  channel  rate  is  I  -  2.4  KB/s,  a  rate  low  enough  to  be  con¬ 
veyed.  over  an  analog  telephone  channel  by  employing  a  modem  to  convert 
the  digital  signal  to  a  "quasi-analog"  one.)  The  disadvantages  include* 

(1)  cost  and  complexity  (e.g.,  more  than  $10,000  per  terminal,  several 
cubic  feet  in  volume,  several  hundred  pounds  in  weight,  several  hundred 
watts  of  power  required),  and  (2)  relatively  poor  voice  quality.  Vocoder 
speech  displays  a  "machine-like"  quality  that  obscures  the  perception  of 
the  talker (s  identity  and  of  the  emotional  nuances  of  speech.  The  voco¬ 
der  does  provide  speech  of  useful  intelligibility  User  accept¬ 

ance  of  vocoder  quality  speech  is  difficult  to  gain* 

Significant  progress  is  now  being  made  with  the  technology  of 
linear  predictive  coding  (LPC).  LFC  vocoders  employ  the  same  strategy 
as  the  channel  vocoder  (i.e,,  efficient  coding  of  the  voice  signal  by  de¬ 
composition  into  excitation  and  vocal- tract  components),  but  use  the  method 


of  linear  prediction  to  measure  and  code  a  set  of  parameters  to  describe 
the  vocal-tract  spectrum,  IK!  offers  key  improvements  in  hardware  simpli¬ 
city  and  potential  improvements  in  voice  quality. 

Vocoders  remain  limited  in  voice  quality  and  naturalness  due  to 
the  approximations  of  the  simplified  model  employed  and  the  practical 
difficulties  in  measuring  pitch  and  voicing. 

SlfR  is  not-  a  useful  measure  of  performance  for  vocoded  speech  be¬ 
cause  the  vocoder  does  not  attempt  to  reconstruct  the  original  waveform, 
(instead,  the  approach  is  to  construct  a  synthetic  version  which  has  ap¬ 
proximately  the  same  short-time  amplitude  spectrum  as  the  original.)  The 
widely  used  measure  of  goodness  for  vocoded  speech  is  word  intelligibility. 
Subjective  quality  listening  tests  aid  in  vocoder  comparison. 

Vocoded  speech  may  not  be  usefully  modeled  as  original  signal 
plus  noise.  The  removal  of  redundancy  accomplished  by  the  vocoder  to  gain 
low  channel  rates  is  counter-balanced  by  increased  vulnerability  due  to 
various  nonlinear  effects .  The  vocoder  does  not  provide  an  "analog  chan¬ 
nel H  that  may  readily  operate  in  a  tandem  link  connection.  For  example, 
if  the  speech  at  the  input  of  a  vocoder  A/D  is  already  degraded  in  band¬ 
width  and  oy  noise,  then  the  ability  of  the  vocoder  analyser  to  measure 
excitation  and  vocal  tract  parameters  may  be  impaired.  Thus,  the  ability 
of  the  vocoder  to  perform  in  tandem  link  circuits  is  a  key  determinant  of 
network  configuration  and  operational  capability. 

Errors  on  the  digital  channel  contribute  noise  in  the  D/A  recon¬ 
struction,  and  in  severe  error  situations  may  result  in  receiver  instability. 
Digital  transmission  of  speech  is  summarized  in  the  chapter  summary 
which  follows  i 
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SUMMARY 


lh<5  nature  of  the  voice  signal  is  important  to  any  study  of  voice 
communications  performance  or  digital  voice  techniques.  Speech  is  pro¬ 
duced.  by  vocal-  tro.c <,  articulation  imposed  on  the  excitation  signal  from 
the  glottis.  The  simplified  model  employs  stationary  assumptions.  Short- 
time  spectrum  analysis  is  useful  to  implement  the  stationary  model  In  the 
vocoder. 

The  analog  telephone  channel  is  an  approximately  linear  system 
with  various  impairments  (loss,  attenuation,  noise,  and  echo).  SNR  is  a 
key  performance  measure. 

Digital  voice  communications  involves  A/D  conversion,  transmission 
in  a.  digital  channel,  and  reconstruction  by  D/a  conversion.  The  A/D  and 
D/A  process  causes  reconstruction  impairment  due  to  quantization  noise  and 
nonlinear  corruption  of  the  voice  signal.  Impairments  due  to  errors  on 
the  digital  channel  include  noise  and  potential  receiver  instability. 

The  steps  in  the  A/D  -  D/A  process  include  the  digits,!  signal  pro¬ 
cessing  techniques  of  sampling,  quantization,  and  binary  ceding.  Compan¬ 
ding  is  commonly  employed  to  improve  the  dynamic  range  of  digital  voice 
converters . 

Pulse  code  modulation  is  a  widely  used  technique  that  delivers  ex¬ 
cellent  SNR  performance  with  B  =  8  Bit  coding,  and  channel  rate  I  =  64  KBits/ 
sec.  Instantaneous  companding  with  the  j|  -Law  nonlinearity  provides  a  wide 
dynamic  range.  The  3=6  3it  FCM  (l  =  48  K3its/sec)  used  in  U.S.  Army 
systems  displays  a  "twin-peak"  SKR  versus  ISL  characteristic  because  of 
the  simple  compander  characteristic. 

Delta  modulation  is  a  relatively  simple  digital  voice  technique 
that  delivers  channel  error  and  SNR  advantages  over  PCM  at  channel  rates 
in  the  range  I  =  le  to  30  JCB/s.  Continuously  variable  slope  delta  (CVSD) 


modulation  is  a  version  of  DM  that  employs  adaptive  slope  companding, 

CVSD  performance  gains  over  I'GM  result  from  matching  the  a/d  conversion 
process  to  the  nature  of  the  speech  signal  and  to  subjective  perception 
of  the  human  listener.  (A  channel  of  16  or  32  KB/s  CVSD  is  inferior  to 
64  KB/s  rCH  or  analog  channels  in  ability  to  convey  non-voice  signals 
such  as  modem  signals.) 

The  vocoder  achieves  low  channel  rates  by  decomposing  speech  into 
excitation  and  vocal-tract  parameters.  LFC  vocoders  may  gain  performance 
improvements. 

The  technical  examination  of  digital  voice  techniques  motivate 
several  questions:  (l)  V/hat  ability  do  these  techniques  have  to  deliver 
satisfactory  performance  if  operated  in  tandem  link  connections?  (2)  Does 
the  ability  to  tandem  imply  any  constraint  on  network  design,  or  impose 
any  limitations  of  operational  capability?  V/e  examine  the  important 
question  of  tandem  link  performance  in  Chapter  2, 
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Crjf>  oxc.mplo  of  degraded  vocoder  performance  ir  the  ocse  of 
sinusoid  ••  1  roinc  .:+,  tlr  input  to  the  vocoder  A/J),  Acoustic  background 
r.c;5r-o  the  airborne  application)  or  induced  hun  (ICO  Hr,  noise  is 

•••o::.r,.ou  in  coiai-vuixicatioiis  facilities)  present  ft  the  input  to  the  A/D  3 ay 
degrade  the  pitch  tracking  function,  (if  of  sufficient  amplitude,  the 
noisv  i?  ’'tracked"  .r.-'Uwr  then  voice  pitch.)  A  related  exar.plo  is  that 
if  the  input  oigi^l  ir,  bend  limited,  (by  an  analog  carrier  channel)  or  has 
suffer'd  attenuation  (;.a  on  a  wire-  loop)  thou  the  vocoder  vocal- tract 
.Y.oyr,urc5-.oct  function  ray  he  degraded  (oscausc  the  signal  spectrum  to  oe 
sen cured  i?  partially  obscured . )  Refer  to  Figure  3  for  excup  lea  of  band- 
United,  or  attenuated  channels  and  loops . 


CHAPTER  2 


THE  PROBLEM  -  SECURE  VOICE,  KEY  TO  THE  TRANSITION 
OP  TACTICAL  COMMUNICATIONS  SYSTEMS  TO  DIGITAL 
OPERATION  IN  THE  1980'S 


In  this  chapter  we  consider  the  importance  of  secure  voice,  the 
transition  to  digital  operation,  a  comparison  of  analog  and  digital  voice 
links,  and  examine  digital  voice  tandeming. 


IMPORTANCE  OF  SECURE  VOICE 


A  historic  deficiency  in  DoD  communications  systems  is  the  lack 
of  widely  available  secure  voice  service.  Mr.  Thomas  C.  Reed,  the  Direc¬ 
tor,  Telecommunications  and  Command  Control  Systems,  Office  of  the  Secre¬ 
tary  of  Defense,  recently  summarized  the  situation  as  follows* 

Lack  of  security  in  voice  communications  used  in  the  command  and 
control  of  forces  has  long  been  recognized  as  contributing  to  reduced 
force  effectiveness  by  allowing  the  enemy  to  gain  advance  knowledge 
of  planned  actions.  Recent  gains  in  methods  of  voice  digitization 
and  the  use  of  large-scale  integrated  circuits  to  reduce  costs  and 
size  now  bring  forth  the  promise  of  their  widespread  use  in  the  field* 

The  experience  gained  in  recent  warfare  confirms  the  need  to  pro- 

O 

tect  our  voice  communications  from  exploitation.  Because  secure  voice 
requires  digital  transmission,  the  need  for  expanded  secure  voice  ser¬ 
vice  is  one  key  driving  force  in  the  transition  of  DoD  systems  to  digital 
operation.  3 


TRANSITION  TO  DIGITAL  OPERATION 
U.  S.  military  telecommunications  systems  are  now  beginning  a 
conversion  from  analog  methods  to  digital  technology.  Digital  systems 


convey  human  speech  by  encoding  the  voice  waveform  in  binary  digits  for 
transmission.  Digital  signals  may  be  readily  encrypted  to  deny  hostile 
exploitation.  The  thrust  of  DoD  policy  is  that  future  communications 
systems  will  be  digital. 


The  TRI-TAC  Program 

The  Joint  Tactical  Communications  Program  (TRI-TAC)  was  estab¬ 
lished  by  the  Secretary  of  Defense  In  1971.  Two  objectives  of  the 
program  are  to  provide  modern  tactical  communications  capabilities  to 
the  Services)  and  to  achieve  interoperability  of  D6D  communications  sys¬ 
tems.  **■  Major  General  John  E,  Hoover,  Director  of  the  TRI-TAC  Office, 
recently  summarised  the  focus  of  the  effort  as  follows* 

By  developing  a  digital  system . we  are  providing  a  new  capa¬ 

bility  in  tactical  communications.  Vfe  will  supply  better  service  to 
the  final  user;  we  will  be  better  able  to  cope  with  the  growing  re¬ 
quirements  for  transfer  of  data*  we  will  realise  the  many  technical 
advantages  inherent  in  digital  technology,  as  compared  with  the 
analog  world*  and  we  will  have  made  the  achievement  of  widespread 
security  economically  feasible,  5 

The  TRI-TAC  Office  is  nearing  completion  of  a  set  of  planning 
documents  that  will  define  the  overall  architecture  for  the  future  tac¬ 
tical  system.  The  approach  to  transition  Is  evolutionary,  because  econ¬ 
omic  limitations  and  other  constraints  inhibit  a  rapid  changeover  to  the 
objective  system.  Ve  consider  the  TRI-TAC  Architecture  in  more  detail 
in  Chapter  3« 


^Integrated  Tactical  Communications  Systems  Study  (IHTACS) 

INTACS  is  a  major  study  effort  by  the  U.S.  Army  to  plan  the 
fielding  of  a  modem,  mobile,  digital,  automatic,  communications  sys¬ 
tem,  The  study  takes  into  account  the  system  architecture  defined  by 


the  TRI-TAG  Office  and  the  hardware  (and  software)  developments  now  in 
progress.  The  study  is  aimed  at  translating  the  known  requirements  in¬ 
to  a  workable  communications  network.  The  INTACS  study,  if  implemented 
in  U.S.  Army  programs,  will  dominate  the  character  of  the  communications 
system  of  the  1980's  and  1990's.  ^ 

Tandem  Voice  Links 

The  system  approach  to  transition  being  developed  in  the  TRI-TAG 
and  INTACS  efforts  involves  the  tandeming  of  various  voice  links.  The 
PCM  links  now  employed  In  the  U.S.  Army  switched  network  will  be  retained 
(in  some  parts  of  the  system)  through  the  decade  of  the  1980's.  Single 
channel  net  radio  terminals  which  use  16  kBit/sec  CVSD  will  "be  Intro¬ 
duced,  Digital  telephones  which  use  16  and/or  32  kBit/sec  CVSD  will  also 
be  fielded. 

A  narrowband  secure  voice  terminal  will  be  introduced  into  the 
DoD  system  in  the  1980's.  Testing  is  being  completed  now  "by  the  Nar¬ 
rowband  Secure  Voice  Consortium  to  pick  a  DoD- wide  narrowband  digital 
voice  technique."  ?  (The  vise  of  the  term  narrowband  relates  to  the  digi¬ 
tal  channel  rate,  i.e»,  a  narrowband  technique  is  one  with  channel  rate 
less  than  5  kBits/sec.  Such  a  digital  signal  may  be  conveyed  In  an 
analog  telephone  channel.).  The  candidate  narrowband  terminals  are  vo¬ 
coders,  many  of  which  employ  the  linear  predictive  coding  (LFC)  approach. 
To  simplify  the  discussion  which  follows,  let  us  assume  that  an  LFC  vo¬ 
coder  will  be  fielded.  A  likely  bit  rate  choice  is  2 .4-  kB/s,  so  we  label 
the  terminal  (and  the  A/D  technique)  as  "LPC-2.4." 

The  transitional  system  of  the  1980's  will  involve  tandem  connec¬ 
tions  of  PCM,  CVSD,  LPC-2.4  and  analog  links.  Thus,  a  question  of  vital 
importance  is  the  performance  of  digital  voice  links. 


COMPARISON  CP  DIGITAL  VOICE  LINKS  8 


The  key  factors  in  the  choice  of  an  A/D  conversion  technique 
for  voice  are  performance,  channel  rate,  and  cost..  In  this  section, 
we  contrast  PCM,  CVSD,  and  LPC  in  terms  of  these  factors. 


A  summary  of  the  comparison  is  shown  below  t 


Performance 

Channel  Rate 

Cost 

PCM-64 

"excellent" 

(SNR«36dB) 

64  kB/s 

low 

PCH-48 

"very  good" 

(SNR  «  26  dB) 

48  kB/s 

low 

CVSD-32 

"very  good" 

(SNR  ^25  dB) 

32  kB/s 

low 

CVSD- 16 

"good*'' 

(SNR  3*16  dB) 

16  kB/s 

low 

LPC-2.4 

"fair/good" 

(  intelligibility  90%) 

2.4  kB/s 

high 

The  adjectives  shown  represent  the  subjective  judgement  of  the  Author. 
We  examine  performance  in  greater  detail  in  Chapter  4. 

We  have  adopted  the  notation  that  "CVSD-16"  represents  a  CVSD 
A/D  converter  operating  at  16  JcB/s,  or  one  digital  link  of  16  kB/s  rate, 
terminated  with  CVSD. 

PCM  delivers  "excellent**  performance  of  high  SNR,  and  the  cost 
is  relatively  low.  PCM-64,  such  as  that  used  in  the  Bell  System,  de¬ 
livers  performance  essentially  equivalent  to  that  of  an  analog  telephone 
channel.  Such  a  link  is  quite  versatile  in  analog  switched  network  ap¬ 
plications  because  many  links  may  operate  in  tandem  to  compose  a  circuit 
of  high  quality.  In  addition,  non-voice  signals  (such  as  modem  signals) 
may  be  conveyed.  Thus,  PCM— 64  is  suitable  for  application  in  a  general 
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purpose  analog  network  as  a  trunking  mechanism.  PCM-64  is  employed 
In  the  Bell  System  and  is  being  fielded  In  the  Defense  Communications 
System  (DCS). 

The  one  disadvantage  of  PCM  is  the  high  channel  rate,  a  rate  too 
high  to  be  conveyed  on  some  of  the  essential  channels  in  the  DoD  system 
(e.g.,  analog  telephone  and  HP  channels,  and  some  power-limited  satel¬ 
lite  channels).  PCM  does  require  a  relatively  error-free  channel  to 
deliver  satisfactory  performance  (the  bit  error  rate  (BE®)  should  be  main¬ 
tained  below  l<f4  or  10”^). 

CVSD  provides  "good/veiy  good"  performance  at  relatively  low  cost 
for  channel  rates  of  16  and  32  kB/s.  The  quantisation  noise  is  noticeable 
(especially  at  16  KB/ls),  but  does  not  impair  effective  communication  on 
a  one  link  circuit.  CVSD  is  robust  In  performance  in  noisy  channels, 
maintaining  high  intelligibility  for  error  rates  as  high  as  BE®  «  1(T*. 

The  use  of  CVSD  at  both  16  and  32  kB/s  is  planned  for  the  strategic  and 
tactical  systems  of  DoD. 

A  key  uncertainty  in  the  utility  of  CVSD  in  a  switched  network 
is  the  ability  to  tandem  with  various  links.  Preliminary  testing  of  tan¬ 
dem  links  of  CVSD  at  the  Electronics  Command  laboratories  concluded  that 
the  maximum  number  of  tandem  links  (each  of  which  employ  CVSD)  are  as 
follows  * 

Channel  Rate  Maximum  Humber 

(kB/s)  of  Links 

32  5 

16  2 

These  results  were  obtained  under  laboratory  conditions  with  no  impair¬ 
ments  other  than  the  voice  A/D-D/A.  Other  tests  suggest  that  one  link  of 
CVSD  in  tandem  with  one  vocoder  link  may  deliver  useful  intelligibility. 


LFO  vocoder  performance  is  labeled  as  "fair/good M  because  of 
the  lack  of  naturalness  typical  of  the  vocoder  speech,  I, PC  does  deliver 
sufficient  intelligibility  to  be  useful  on  vital  command  and.  control  links. 
LFC  may  be  expected  to  tandem  successfully  with  high  quality  SUch  as 

FCK. 

Tiie  Narrowband  Secure  Voice  Consortium  testing  now  being  documen-- 
ted  may  provide  key  answers  on  the  intelligibility  of  tandeir.  connections 
of  various  voice  links. 

ANALOG  AMD  DIGITAL  LINKS 

In  this  section  we  relate  the  comparison  of  digital  voice  links 
to  the  discussion  of  analog  and  digital  transmission  in  Chapter  1.  Sev¬ 
eral  definitions  are  given  that  will  be  useful  in  our  examination  of 
digital  performance  in  a  transitional  system. 

Signals  may  be  coded  in  either  analog  or  digital  form.  Speech  is 
.inherently  an  analog  signal.  If  a  speech  signal  is  to  be  encrypted,  it 
must  be  converted  to  digital  form,  i.e.,  to  a  digital  voice  signal.  In 
a  communications  network,  the  ■  voice  signal  may  be  conveyed  on  an  analog 
path,  a  digital  path,  or  on  a  tandem  connection  of  two  or  more  such  paths. 
Let  us  define  a  link  to  be  an  interval  along  the  path  through  the  network 
over  which  the  message  signal  .remains  unchanged  in  form. 

The  terms  loop  and  trunk  relate  to  the  topology  of  the  network. 

A  loop  is  the  connection  between  a  subscriber  and  an  access  switch.  A 
trunk  is  a  connection  between  two  switches.  A  circuit  is  the  connection 
between  subscribers.  Thus,  a  circuit  is  composed  of  two  loops,  and — if 

the  two  subscribers  do  not  share  the  same  access  switch— —one  or  more 
trunks. 

A  circuit. may  be  composed  of  one  or  more  links. 


If  a  circuit  has 
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two  or  more  links,  the  path  is  called  a  tandem  connection.  Tandeming 
occurs  at  each  intermediate  point  along  the  path  at  which  the  message 
signal  is  converted  in  form*  Thus,  a  tandem  point  occurs  at  each  inter¬ 
mediate  point  along  the  message  path  at  which  the  information  signal  is 
converted  from  analog  to  digital,  or  from  digital  to  analog.  The  tandem 
points  define  the  junction  of  links* 

Notice  that  the  number  of  links  in  a  circuit  between  subscribers 
may  be  counted  by  adding  1  to  the  number  of  tandem  points  ( intermediate 
A/D  and  D/A  converters)  on  the  path*  The  analog  link  path  which  connects 
a  D/A  to  a  collocated  A/D  converter  is  a  link,  by  our  definition.  Indeed, 
an  increment  of  impairment  may  be  imposed  on  the  signal  by  such  a  link, 
e.g*,  noise,  loss,  etc.  But,  assuming  proper  design  and  operational  con¬ 
ditions,  the  impairment  Imposed  by  such  a  link  is  negligible,  so  we  will 
usually  ignore  the  impairment  and  not  count  the  connection  as  a  link*  Ve 
refer  to  such  a  connection  as  a  junction  link. 

A  channel  is  a  path  in  the  transmission  system,  defined  in  terms 
of  the  form  of  transmission  (analog  or  digital)  •  In  an  analog  system, 
message  signals  enter  the  system  in  analog  form,  and  are  conveyed  over 
analog  loops  and  trunks  which  are  connected  by  analog  switches.  Trunks 
and  loops  in  such  a  system  may  be  provided  by  analog  transmission  channels. 
(If  so,  the  system  is  a  uniform  one,  homogenous  and  "pure"  analog).  Ana¬ 
log  trunks  and  loops  in  an  analog  system  nay  also  be  provided  by  digital 
transmission  channels. 

Consider  a  modification  of  the  analog  system  that  results  if 
digital  transmission  is  employed  to  provide  the  analog  trunks  between 
switches.  (In  this  example,  the  analog  trunk  employs  a  digital  channel. 
Bach  trunk  contains  an  A/D  converter  to  transform  the  message  signal  to  be 
conveyed  on  the  digital  channel.)  This  example  describes  the  current  Army 


Tactical  Communications  System  (ATACS),  which  employs  48  kB/s  PCM  in  the 
TD~660  Multi plexer .  (in  this  example  the  analog  link  at  each  switching 
node  does  impose  impairment*  Host  Army  switches  operate  in  a  tiro-wire 
(?M)  node,  so  a  W  -  ?'/!  Hybrid  is  connected  in  the  signal  path,  resulting 


in  a  3  dS  sttor.us.tion  of  tho  information  signal  at  each  switching  node. 

W©  may  observe  in  Figure  5(t)  that  the  performance  of  a  48  k3/s  PCM  trunk 
is  a  function  of  input  signal  level >  SI©  may  degrade  by  0.8  dB  for  each 
dB  change  in  input  level.  In  addition,  noise  impairment  may  occur  as  the 
analog  junction  link  traverses  a  wire  or  cable  subsystem  within  the  sig¬ 
nal  center.) 


The  dual  case  is  a.  digital  system,  in  which  message  signals  access 
in  digital  form,  and  are  conveyed  over  digital  loops  and  trunks  which  are 
connected  by  digital  switches.  Voice  signals  are  converted  to  digital  at 
the  point  of  system  access,  and  back  to  analog  at  the  point  of  egress . 

A  digital  system  is  uniform  if  subscribers  are  connected  by  one  digital 


link.  (Ho  tandeaing  occurs  in  a  uniform  system.) 

During  the  two  decades  of  transition  toward  a  predominantly  digi¬ 
tal  DoD  system,  a  hybrid  mix  of  both  analog  and  digital  subscribers, 
loops,  trunks,  and  switches  will  exist  in  the  network.  At  the  beginning 
of  the  transition,  the  system  is  an  analog  one  with  both  analog  and  digi¬ 


tal  transmission.  As  the  transition  progresses,  an  increasing  fraction 
of  the  subscribers,  loops,  trunks  and  switches  are  converted  to  digital 

operation . 

Digital  links  arc  fully  defined  by  specifying  the  bit  rate  and 


the  error  rate.  Analog  links  are  much  more  diverse  in  character,  and  per¬ 
formance  is  defined  in  terms  of  bandwidth  (the  amplitude  versus  frequency 
characteristic),  attenuation,  noise  of  various  types  (thermal,  .quanti,.,* 
tion,  cross  talk,  hum,  impulsive,  intermodulation,  etc.),  output  Si©  as 


a  function  of 


iiY 


‘‘n 


input  signal  level  (ISL),  and  nonlinear  effects  (echo, 
companding,  etc.)*  Thus,  the  performance  of  analog  links  is  difficult 
to  define  and  results  fror.  the  cumulative  effects  of  distributed  phenomena. 

Many  types  of  analog  loops  and  trunks  will  exist  in  the  transi¬ 
tional  system  of  the  1930's.  A  partial  listing  follows* 

1.  Analog  radio  and  wire  channels 


T:.  Digital  channels  which  employ  A/D  and  D/A  converters* 
n.  64  kS/s  PCM 

b.  48  kB/s  PCM 

c.  12  kE/s  CV3D 

d.  16  kB/s  GV2D 

e.  2.4  kB/c  LTG  (LFC-2,4) 

During  the  initial  years  of  transition  (late  19?0‘s  and  early  I980*s) 
several  additional  types  of  digital  channels  will  exist  in  the  system,  such 
as  2.4  kB/s  channel  vocoders,  9.6  kB/s  CVSD,  and  50  kB/s  PCM. 


DIGITAL  VOICE  TAKDBMING  -  THE  KEY  PROBLEM 


In  this  section,  we  consider  a  conceptual  model  of  voice  tandeming, 
and  present  the  purpose  statement  that  is  the  focus  of  this  research. 

A  Kodel 

A  conceptual  model  of  a  voice  network  is  shown  in  Figure  6.  Let 
us  consider  each  shaded  sector  in  the  circle  to  represent  digital  voice 
coded  hy  the  following  methods* 

Sector  Digital  Voice  Technique 

1  CYSD-16 

2  CVSD-32 

3  LPC-2.4’ 

4  PCI  1-48 

The  unshaded  sectors  represent  analog  voice,  (in  this  discussion  we  ig¬ 
nore  impairment  due  to  analog  links  and  digital  channel  errors.)  Let  a 
capital  letter  represent  the  end  points  of  a  circuit  path  between  subscri¬ 
bers.  An  A/D  or  D/A  conversion  is  performed  as  the  path  traverses  a 


Fmom6,  An  Absinnct  Moiel  of  Voice 


"boundary  line  upon  entry  or  exist  from  a  digital  sector.  The  path 
through  a  sector  represents  one  digital  link.  Passage  through  an  analog 
region  between  sectors  is  an  analog  junction  link. 

Path  A  illustrates  a.  connection  "between  subscribers  of  one  link 
of  CVSD-16.  Similarly,  Path  B  is  composed  of  two  links  of  CVSD-16.  (Note 
that  each  digital  link  involves  one  A/D  end  one  D fl\  conversion  at  the  end 
points  * ) 

The  model  of  Figure  6  is  useful  as  an  aid  to  think  through  the 
quest  ion  posed  at  the  end  of  Chapter  1  s  Does  the  ability  to  tandem  imply 
any  constraint  on  network  design,  or  impose  any  limitations  of  operational 
capability? 

Let  us  consider  circuit  paths  of  one,  two,  three,  and  four  links 
that  originate  from  a  subscriber  of  "sector  1  (CV3D-16).  The  only  one 
link  circuit  is  Path  A,  and  the  results  summarized  above  confirm  that 
Path  A  is  satisfactory.  This  result  confirms  the  obvious,  i.e.,  if  two 
subscribers  arc  both  equipped  with  CVSD-16  and  if  a  direct  16  IcB/s  link 
is  available  in  the  network,  then  a  satisfactory  circuit  may  "be  established. 
(One  may  observe  that  the  direct  link  circuit  results  in  the  maximum  de¬ 
gree  of  performance  margin,  because  the  connection  imposes  a  minimum  of 
digital  voice  conversion  distortion.  Thus,  Ea.th  A  would  remain  more 
useful  in  conditions  of  high  channel  error  rate  than  paths  which  include 
additional  links.) 

We  summarize  an  assessment  of  the  two-link  connections  as 

follows  J 

Satisfactory  Paths  Satisfactory  Paths 

of  Kiniiauic  Margin 

B  (1-1) 

D  (1-3)  (?) 


C  (1-2) 
E  (1  -k) 


v.'e  suEfflariae  m  assessment  o.f  sons  of  the  three-link  connections 
as  follows: 

Satisfactory  Paths  Questionable  Paths  Unsatisfactory  Path; 


1-2-2 

1-2-3 

1-1-1 

1-2-4 

1-4-1 

1-1-3 

1-4-2 

1-1-4 

1-3-1 

1-2-1 

1-4-3 

Cne  observation  that  may  be  drawn  from  this  assessment  follows?  A  three - 
link  connection  that  originates  end  terminates  as  GVSD-16,  i.e,,  l-(  )~lf 
is  either  questionable  (if  1-2-1  or  1-4-1)  or  unsatisfactory  (if  1-3-1  or 
1-1-1 ),  Another  view  of  this  observation  is  that  if  the  network  contains 
a  community  of  GY3D-16  subscribers  who  may  access  the  network  only  through 
one  link  of  CVSD-16,  then  a  network  connection  between  any  two  such  sub¬ 
scribers  is  questionable  at  best.  (This  example  applies  if  CVSD-16  net 
radio  users  may  only  access  the  switched  network  at  an  analog  interface. 
Two  such  users  are  potentially  isolated  from  one  another.) 

Another  observation  is  that  an  unsatisfactory  three-link  path 
implies  that  all  four  (or  more)-link  paths  that  contain  the  three- link 
sequence  are  also  unsatisfactory.  For  example,  that  1-1-1  is  unsatisfac¬ 
tory  implies  that  1-5?— 1—1,  l-i-2-i,  1-1- 1-2,  1-3-1-1,  1-1-3-i,  i-1-1-3, 
...(and  others). .  .arc  also  unsatisfactory , 

We  summarize  an  assessment  of  a  few  of  tho  four-link  connections 
as  follows? 


The  conclusion  to  be  drawn  from  these  considerations  is  that  the 


p-irfoj'r-Vj.nos  of  tandem  voice -links  may  impose  limitations  of  operational 
capability  (i.e, ,  some  available  network  paths  are  unsatisfactory).  An¬ 
other  point  of  view  is  that  the  performance  of  tandem  links  does  imply 
necessary  constraints  on  network  design. 

The  assessments  offered  above  are  tentative  and.  judgemental.  In 
Chapter  4  vre  seek  to  refine  the  assessments  by  analysis  and  by  examining: 
recent  experimental  test  results. 

Some  tentative  conclusions  are  supported  by  the  assessment  of 
the  network  model. 


Tentative  Conclusions 


The  assessments  do  provide  some  general  conclusions  concerning 
the  questions  posed  at  the  end  of  Chapter  1* 

(i)  '.'/hat  ability  do  these  techniques  have  to  deliver  satisfactory 
performance  if  operated  in  tandem  link  connections? 

Links  of  PCM-64  deliver  rugged,  versatile  performance  in  tandem 
circuits,  and  do  convey  non-voico  signals.  Links  of  PCM-48  are  likely 
to  deliver  satisfactory  performance  in  most  tandem  voice  circuits,  but 
adding  one  link  of  PCK-4G  (to  establish  an  If- link  path)  may  render  unsat¬ 
isfactory  a  marginal  connection  of  K-l  links.  CYSD-32  is  somewhat  versatile 
in  tandem  links  (but  distinctly  less  versatile-  than  PCM- 64),  and  is  of  ques¬ 
tionable  utility  for  non-voice  signals.  Links  of  CVSD-16  are  satisfactory 
if  direct,  or  in  restricted  tandem  circuits  with  tCK  or  CVSD-32.  But 
links  of  CV3D-16  become  marginal  (or  unsatisfactory)  in  circuits  which 
contain  two  (or  more)  links  of  CVSD-16  and/or  LFC-2.4,  and  circuits 
which  contain  CVSD-16  are  of  little  or  no  use  to  convey  non- voice  signals. 
Links  of  LPC-2,4  are  of  limited  versatility  in  tandem  circuits,  and  have 


essentially  no  utility  for  the  common  non- voice  signals.  Analog  links 
interleaved  3h-a  circuit  of  digital  links  may  impose  additional  impairment. 
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(2)  Does  the  ability  to  tandem  imply  any  constraint  on  network 
design,  or  impose  any  limitations  of  operational  capability? 

Yes,  both  constraints  and  limitations,  network  topology,  con¬ 
nectivity,  and  routing  control  In  a  transitional,  hybrid  system  must 
incorporate  engineering  design  features  to  accommodate  .the  diverse  (and 
not  analytically  quantifiable)  performance  of  various  circuits  of  tandem 
l?nkr..  Toe  sising  of  trmJt  groups  is  not  a  simple  (common-user)  traffic 
engineering  problem,  but  must  take  into  account  the  needlines  of  various 
user  communities- of -interest  and  the  slowly  changing  nix  of  terminal 
equipments  and  trunking, 

Liiaitations  of  operational  capability  arc  certain  to  occur  in  the 
transitional  system  because  some  circuit  paths  that  could  be  established 
deliver  unsatisfactory  performance,  (in  other  words,  whether  or  not  a 
given  trunk  is  useful  to  a  particular  subscriber  depends  upon  where  he 
is  in  the  network,  who  he  ie  calling,  the  terminal  equipments  of  both 
subscribers ,  the  connectivity  possibilities  of  the  current  network,  and 
various  random  influences  such  as  network  loading,  and  noise  and  alignment 
conditions  on  analog  links. )  "Common- user"  networks  that  must  route  traf¬ 
fic  based  upon  segmented  communities  do  not  gain  the  full  measure  of  econ¬ 
omy  of  scale  as  unsegmented  networks. 

The  Problem. 

Ho  single  measure  of  performance  of  analog  and  digital  voice 
communications  links  in  known  that  is  sufficient  for  engineering  design 
of  a  network  composed  of  diverse  links.  Experimental  testing  is  necessary 
to  validate  the  usefulness  of  a  user-to-user  connection  composed  of  tandem 
links. 

A  two-decade  transition  of  Dob  communications  systems  to  digital 
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operation  io  beginning.  Secure  voice ;  connections  in  the  "transitional 
DoD  System"  of  the  i?30*s  will  involve  tandeming  Of  various  voice  links 
(s»u*»  analog,  pulse  code  modulation,  delta  modulation,  and  vocoder  links) 
The  tfottsitloaol  system  design  will  determine  the  number  and  nature  of 
tandem  links  traversed  "by  the  network  paths  between  every  pair  of  users 
in  the  system.  Thus,  the  system  design  may  result  in  groups  of  users 


that  are  Isolated  from  certain  other. users  in  the  network. 

The  purpose  of  this  research  is  to  determine  if  the  U.S.  Army 
tactical  communications  system  design  for  the  1980* s  includes  isolated 


users.  The  research  approach  is  to  examine  plans  for  DoD  systems  in  the 
1900‘s  and  analyze  a  model  of  the  "1980's  transitional  system"  using  ex¬ 
perimental  and  analytical,  tandem  voice-link,  performance  data.  If  is¬ 
olated  users  exist;  system  design  improvements  will  be  explored. 
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CHAPTER  3 


DIGITAL  COMMUNICATIONS  PLANS  - 
THE  I976  APPROACH 

In  this  Chapter  we  examine  the  policies  and  the  planning  approach 
to  digital  communications  in  DoD  that  guide,  influence,  or  limit  the  se¬ 
cure  voice  communications  of  the  U.S.  Army.  Ve  begin  with  a  summary  of 
DdD  policy  guidelines  that  focus  the  digital  transition  toward  the 
16  KB/s  channel  rate.  In  the  second  section,  we  survey  TRI-TAC  Archi¬ 
tecture  which  forms  the  broad  design  for  future  tactical  systems.  Next, 
the  specific  objective  system  and  transition  strategy  for  U.S.  Army  com¬ 
munications  is  examined.  In  the  fourth  section,  we  consider  interoper¬ 
ability  between  various  regions  of  the  overall  DoD  system.  The  Chapter 
concludes  with  a  summary. 

DOD  POLICY 


The  thrust  of  DoD  policy  is  that  future  communications  systems 
will  be  digital,  secure  or  securable,  and  will  employ  end-to-end  security 
over  16  KB/s  circuits.  la  1973,  Dr.  E.  Rechtin,  then  Assistant  Secretary 
of  Defense  for  Telecommunications  (ASDT),  summarized  the  policy  approach 
as  follows  1 


.♦..The  decisions  of  the  Secretary  of  Defense  and  the 
of  the  Joint  Chiefs  of  Staff  on  how  to  configuxe  command  control 
of  the  SIOP  or  nuclear  forces  have  made  it  dear  that  communications 
options  must  exist  for  clear  and  unimpeded  command  and  control  be- 
tween  the  national  command  authorities  and  the  executing  commanders 
j  field‘  Such  communications  are  not  possible  with  fragmented 
and  disconnected  separate  networks  designed  to  different  criteria 
oy  different  groups.  An  overall  communications  system  architecture 
is  mandatory  if  the  national  command  authorities  axe  to  get  the 
communications  they  have  stated  they  need.,.. 
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....It  was  at-!  a  recult  of  recent  experience  and  a  consequence" 
of  joint  discussion  "between  the  security  people  and  coiamiuiicaticns 
oo.-ccitteec  that  DoD  recently  decided  to  procure  no  further  military 
voice  radios  unless  they  were  either  secured  or  securable,  sad, 
further,  that  our  goal  was  widespread,  end-to-end  security,  Link- 
by-lluk  security,  although  useful  as  a  supplement  in  high  threat 
areas,  is  clearly  not  y.  substitute  for  end-to-end  security  in  the 
world  in  which  ;re  oust  live, 

. , .  .i.'c  should  do  something  to  standardise  bit  rates  for  both 
long-haul  and  tactical  communications.  This  led  to  the  decision  to 
use  16  Kilobits  per  second,  with  an  intermediate  use  of  y?~  Kilobits 
per  second,  for  secure  digital  voice  traffic  in  the  field  and  over 
appropriate  long-haul  circuits.  It  now  appears  commercial  common 
carriers  v.rj  offer  a  16  Kilobit  per  second  digital  service ,  which 
should  considerably  improve  our  chances  for  widespread ,  end-to-end 
secure  voice,  1 


This  policy  initiative  of  1973  served  to  focus  the  attention  of 


ays  ten  engineering  organisations  in  DoD  toward  a  single,  specific,  com¬ 
mon  chanue  1-bit-rate  for  future  systems,  16  kh/s.  The  choice  of  16  kE/s 
represents  a  compromise  between  many  conflicting  considerations  that  ap¬ 
ply  to  local  subsystems  in  various  parts  of  the  overall  BoD  communications 
system.  The  interaction  among  the  Services  and  BoD  agencies  since  1973 
has  resulted  in  the  merging  of  system  design  choices  into  a  nearly  co¬ 
herent  system  architecture ,  This  merging  of  system  approaches  is  a 
theme  that  is  apparent  in  the  plans  of  BoD  organisations.  In  the  follow¬ 
ing  sections  we  examine  the  TRI-TAC  architecture,  the  Army  BfTACS  study, 
and  other  BoB  syctc-Es, 


THE  TRI-TAC  ARCHITECTURE  2 


Major  General  John  ID.  Hoover-  recently  summarized  the  scope  and 

goals  of  the  Joint  Tactical  Communications  Program  as  follows  s 

....The  program  includes  tactical,  multichannel,  switched  com¬ 
munications  and  related  GOMSEG,  access  and  interface  capabilities. 
The  program  was  established  tos 

(1)  Provide  the  Sear/ices,  on  a  timely  basic,  modem  tactical 
c omun icat ions  capabili  ties  5 

{?■)  Achieve  interoperability  within  the  Department  of  Defense 
and  with  our  allies; 


(3)  Eliminate  duplication  among  Service  Research,  Development 
and  Procurement  programs;  and 

(4)  Do  all  of  these  things  in  the  most  economical  manner. 

....Essentially,  TRI-TAC  is  a  single  program  which  provides 
for  the  design,  development,  and  acquisition  of  the  next  genera¬ 
tion  of  tactical  communications  capabilities  for  all  the  Servlcea-*- 
while  achieving  interoperability  anoxia  them,  eliminating  duplication, 
and  minimizing  costs  in  the  process.^ 

The  system  engineering  description  of  the  TRI-TAC  Architecture 
is  detailed  in* 

....A  single  architectural  document  including  Systems  Objec¬ 
tives,  an  Implementation  Flan,  Subsystem  Architectures,  and  Assess¬ 
ment  of  Technology,  Methodology  for  Design  and  Analysis,  and  some 
fourteen  annexes  covering  such  system-wide  aspects  as  Communica¬ 
tions  Security,  Traffic  Handling,  and  Network  Timing.  ^ 

The  architecture  provides  the  broad  design  for  a  digital,  common-user, 

switched  system  which  provides  clear  voice  and  secure  voice  services, 

and  data  services  such  as  teletype,  intercomputer,  record,  sensor,  and 

facsimile, 

TRI-TAC  Development  and  Acquisition  Programs 

A  useful  insist  may  be  gained  by  examining  the  development  and 
acquisition  programs  for  hardware  to  be  fielded  during  the  initial  phase 
of  the  transition.  A  concise  summary  of  the  developments  is  given  in  Ap¬ 
pendix  1.  The  Appendix  contains  Tables  1  through  7,  which  detail  the 
Phase  I  (through  1982)  hardware  to  be  deployed  in  the  subsystems  of  the 
tactical  network.  The  scheduled  dates  for  the  beginning  of  production 
of  these  equipments  occur  in  the  interval  April  1976  through  November 
1981,  (Definitions  of  words,  phrases,  abbreviations,  and  acronyms  are 
listed  in  tiie  Glossary  of  the  TRI-TAC  Architecture. 

The  switching  subsystem  improvements  during  Phase  I  are  listed  in 
Table  1.  7  The  principal  improvement  is  the  AN/TTC-39  Automatic  Switch¬ 
board.  In  Phases  II  and  III  the  AN/TTC-39  continues  to  be  deployed  in  the 


Land  Based  System .  A  if  I !<B/s  switching  network  will  ts  introduced  in 
the  Naval  System  during  Fnace  II,  and  a  2,4  kB/s  access  capability  will 
be  fielded.  °  (Phase  II  is  the  Interval  1932  -  1990 ;  Phase  III  is  1990 
-  1993.) 


Static  Subscriber  Access  Subsystem  improvements  during  Fnaso  I 
arc  lifted  in  Table  2,  '  The  key  improvement  is  the  Digital  Subscriber 
Voice  Terminal  (D3VT).  The  D3VT  is  a  secure  voice  terminal  which  employs 
CV3D  (operating  at  If  or  32  5d3/o). 

Phase  II  improvements  include  a  new  family  of  30  to  90  line  unit 
Level  Switches,  expansion  of*  message  switching  access,  and  fielding  of 
additions!  multichannel  radio  assets .  "The  Army  ATACS  (TD-660/i065) 
Analog/lCK  multiplex  inventor}”  vrill  play  a  key  role  In  the  transition 
through  the  hybrid  analog/digital  environment  of  Phase  II,"  Phase  III 
improvements  include  switching,  multiplexing  and.  radio  transmission. 

"Phase  lit  will  see  the  phase-out  of  analog  subscribers  end  thus  the  Army 
ATACS.  "universal"  channel  equipment , "  *0 

Mobile  Subscriber  Access  Subsystem  improvements  during  Phase  I 
11 

are  listed  in  Table  3*  Phase  II  improvements  include  the  proposed 
fielding  cf  a  distinct  Mobile  Subscriber  Access  (MSA.)  subsystem  with  three 
subsystem  components:  Mobile  Subscriber  Coiitrol  (l!SC),  Mobile  Subscriber 
Terminal  (1ST),  and  Access  Unit  (AU). 

Trunk  Transmission  (Surface)  Subsystem  improvements  for  Phase  I 
are  listed  in  Table  4,  ^  Phase  II  improvements  include  troposcatter  and 
HP  facilities.  Troposcatter,  SHF  LC3,  UHP  LGS,  and  HP  capabilities  would 
be  improved  during  Pnase  III,  ^ 

Trunk  Transmission  (Space)  Subsystem  improvements  for  Eiase  I  are 
listed,  in  Table  5,  ^  pur+her  improvements  would  be  implemented  during 


Phases  II  and  III. 


Digital  Voice  Bit  Rates 


One  design  objective  for  the  tactical  switched  communication 
systems  Is  end-to-end  security.  ^  The  DSVT  is  to  provide  traffic  en¬ 
cryption  on  an  end-to-end  basis.  The  modification  of  the  DSVT  is  to 
provide  a  capability  for  push-to-talk  operation  an  16  kB/s.  "The  in¬ 
itial  channel  rate  for  TRI-TAC  Land-Based  Systems  is  32  KB/s*  the  rate 
in  the  Naval  System  will  be  16  kB/s.“  ^ 

The  TTC-39  Specification  provides  the  following  guidance  on  Ana¬ 
log/Digital  Conversion  i 

Digital  voice  terminals  shall  digitise  analog  voice  using  the  con¬ 
tinuously  Variable  Delta  Modulation  (CVSD)  technique  at  a  bit  rate 
of  32  KB/s.  The  TDMX  of  the  circuit  switch  sybsystem  shall  operate 
at  a  single  channel  rate  of  32  KB/s.  ....It  shall  be  possible  for 
any  voice  subscriber  connected  to  the  AK/TTC-39  circuit  switch  sub¬ 
system  to  be  able  to  communicate  with  any  other  voice  subscriber. 

....The  circuit  switch  subsystem  must,  therefore,  provide  A/D 
and  D/A  devices  for  use  in  connections  between  a  subscriber  using 
an  analog  voice  terminal  and  a  subscriber  using  a  TRI-TAC  digital 
terminal  (32  KB/s,  CVSD).  20 

The  mature  TRI-TAC  "objective  system"  will  employ  all  digital 
16  KB/s  trunking  in  a  homogenous  common  user,  circuit  switched  network. 
Thus,  subscriber  to  subscriber  circuits  In  the  mature  network  axe  direct 
digital  links.  Tandem  conversions  between  digital  voice  links  axe  es¬ 
sentially  eliminated.  Thus,  in  the  mature  objective  system  the  four 
regions  illustrated  in  Figure  6  would  merge  into  one  region  of  CVSD- 16. 


Transition  Strategy 

Recall  the  discussion  in  Chapter  Z  of  analog  and  digital  voice 
links  in  a  hybrid  system.  The  key  challenge  of  transition  is  to  provide 
continuity  of  user  services  during  a  period  of  gradual  evolution  of  the 
system  from  a  predominately  analog  one  to  a  predominately  digital  one. 
Digital  subscriber  terminals,  trunks  and  switches  will  gradually  be  phased 
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tho  artvnric.  The  hig h  cost  of  f  iclding  a  new  system  dlctaiec 
n  lengthy  transition. 

Ti’.o  TRX-TAG  architecture  is  a  broad  ’Worella."  that  covers  a  wide 
r~ngo  of  possible  system  configuration  transitions.  Such  an  approach  is 
necessary  because  the  Military  Departments  and  DGA  have  different  starting 
points  for  transition.  For  exaaple,  the  current  ATft.CS  employs  digital 
transmission,  '/.here as  the  Air  Force  system  bias  analog  transmission.  Thus , 
converting  or  adapting  ATACS  trunking  to  digital  operation  will  be  rel--  •• 
atively  simple. 

Other  considerations  contribute  to  the  need  for  a  versatile  tran¬ 
sition  strategy.  Uncertainties  in  programming  actions,  year-by-year  budg¬ 
ets  ,•  and  production  schedules  compel  an  approach  that  is  flexible  in 
time  phasing.  The  mobile  'nature  of  tact  iced  .forces  dictate  that  one  may 
not  rely  on  a  specific  geographic  configuration  of  similarly  equipped  units; 
the  strategy  of  transition  must  be  as  flexible  as  the  range  of  tactical 
employments . 

The  transition  strategy  is  to  field  a  hybrid  circuit  switch  (the 
TTC-39)  at  major  system  nodes,  and  slowly  expand  digital  trunks,  loops, 
and  subscriber  terminals.  The  space  division  matrix  (SDKX)  of  the  TTC-39 
provides  automatic  switching  of  existing  analog  trunks  and  loops.  The 
time  division  matrix  (TDKX)  provides  automatic  switching  of  digital  trunks 
and  loops.  An  inter- Matrix  Unit  (IKU)  provides  A/D  and  D/ft  conversions 
to  interconnect  the  SDKX  and  TDKX,  permit ing  crossover  between  digital 
and  analog  trunks  or  loops.  The  crossover  function  permits  connections 
between  analog  and  digital  subscribers,  analog  trunking  on  a  path  between 
digital  subscribers  (if  a  digital  path  is  not  available),  and  digital 
trunking  between  analog  subscribers.  Several  such  crossovers  nay  be  needed 
to  establish  a  circuit  between  subscribers,  depending  on  the  a-vailability 
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of  digital  trunking. 


Tho  •-'rose  over  operation  in  a,  hybrid  network  is  illustrated  in 
Figure  ?.  Tart  (a)  depicts  e  circuit  of  four  links  (digitr-l/analog/di  gi  - 
tnl/onulog)  connecting  a  DSVT-equipped  d  igi+al  subscriber  with  on  analog 
subscriber,  The  eroosovor  is  illustrated  symbolically  in  Part  (b).  Pert 
(a)  of  figure  ?  illustrator,  the  use  of  two  analog  trunks  (links)  in  c. 
circuit  path  between  D3V?  subscribers. 

A  channel  rate  of  J?.  kB/s  was  selected  for  digital  trunking  in 
the  TBI-TAC  architecture  to  permit  flexibility  in  crossover,  i.e,,  flex¬ 
ibility  in  interlacing  digital  and  analog  links ,  Digital  links  of  C73D-3 P. 
provide:  improved  voice  quality  and  ability  to  tandem. 

Another  crossover  situation  is  a  tandem  conversion  between  digital 
subscribers  equipped  with  different  terminals.  Part  (b)  of  Figure  3  il¬ 
lustrates  crossover  to  interconnect  a  DSVT  subscriber  (one  link  of  C7SD-32) 
with  e.  narrow-band  subscriber  (one  link  of  IPC  3,4), 

THE  KITACD  STITT/  21 

The  Integrated  Tactical  Communications  Systems  (S;TAC3)  Study 
is  a  major  effort  to  define  the  U.S.  Army  cojsaiunicationc  posture  in  the 
%$?. 0*s,  The  Study  began  in  1971  and  was  essentially  concluded  in  Decern- 
bor  1975.  A  Communications  Systems  Requirements  Study  (CCWSIi)  was 
conducted  to  identify  the  necdlir.es  to  bo  satisfied  by  the  network. 

"The  Ih'TACS  Study  provides  the  mechanism  for  trnj.aeritiug  the  OChSP's  in- 
to  a  workable  communications  network"  f"-i  Another  point  of  view  is  that 
the  Study  is  e.  system  engineering  design  of  fort  to  select  U.c  minimum 
cost  system  configuration  that  satisfies  the  retirement::.  and  certain 
constraints  (investment  profile,  cvailablo  TRI-TAC  hrxdv&ro,  etc.). 
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Objective  System 


24 


The  INTACS  Objective  System,  the  target  system  for  the  mid-l990*s, 


Is  consistent  with  the  TRI-TAC  Architecture  described,  above*  The  multi¬ 


channel  transmission  and  switching  subsystems  are  all  digital,  and  digital 
access  is  provided  for  all  secure  subscribers.  Digital  trunks  In  the  mul¬ 
tichannel  system  during  the  transition  would  operate  at  32  kB/s,  whereas 
single  channel  radio  access  and  USA  subsystems  would  operate  at  16  KB/s. 
(The  analog  trunks  of  PCM-48  would  be  converted  to  digital  trunks  as  the 
transition  proceeds.)  End-to-end  digital  operation  between  all  secure 
subscribers  would  be  possible.  (The  direct  digital  link  would  operate  at 
16  kB/s  in  the  case  of  a  connection  between  a  16  kB/s  subscriber  and  a 
32  kB/s  subscriber.  Such  operation  is  accomplished  using  the  Dual-Rate 
method  which  is  summarized  in  this  chapter.) 


The  Division  Objective  System  is  described  in  the  INTACS  Pinal  Re' 


port  as  follows; 

The  Division  Objective  System  is  a  highly  integrated  communica¬ 
tions  network  which  is  predominantly  structured  around  the  TRI-TAG 
MSA  subsystem.  MSA  integrates  the  functions  of  telephones ,  tele¬ 
phone  switching,  radio  transmission,  communication  security,  radio 
wire  integration,  and  control  into  one  composite  subsystem.  ^  , 

communications  means  within  the  Division  axes  are  (1)  SIRCGAHS  VHF/FM 
net  radio j  (2)  LOS  multichannel  communications  and  switched  wire; 

(3)  Single  and  multichannel  tactical  satellite  communications; 

and  Tactical  Record  Traffic  Terminals,  facsimilies,  processors,  and 
centers.  25 


SIHCGARS  Is  the  acronym  for  single  channel  ground-air  radio 
system.  For  brevity  we  adopt  the  term  combat  net  radio  (CNR)  to  identify 
single  channel  radio  equipments  which  employ  the  CVSD  digital  voice  tech¬ 
nique  and  operate  at  a  16  kB/s  channel  rate.  SINCGARS  is  a  member  of  the 

class  of  CNR. 

Tto  Mobil.  Subscriber  Acoess  (MSA)  subset*,  proposed  for  the 
Division  System  include  sir  Mobile  Subscriber  0«rtr»ls  <«C)  and  275 
Mobil.  Subscriber  ItesdluO.  («T).  Tbs  1ST  provides  uutosattc.  *c«l» 


vo.1.ce  user  access  into  the  KSA  subsystem  by  radio  (using  CYSQ-16). 

The  KSC*s  provide  area  coverage  to  serve  1ST  users  and  ClfB  access.  The 
KSC's  are  interconnected  with  digital  LOS  and  satellite  trunking  to  other 
MSC'r.  and  to  the  multichannel  system. 

The  Corps  Objective  System  is  built  upon  a  switched,  digital, 
multichannel  network.  Both  LOS  terrestrial  and  satellite  radio  are  em¬ 
ployed,  (The  satellite  capability  includes  Demand  Assigned  Multiple  Ac¬ 
cess  (DAM.)),  The  digital  trunking  interconnects  the  nodal  TTO~39  circuit 
switches.  User  access  is  gained  by  IDS  radio  and  coax  coble.  The  TF.I- 
TAC  Digital  Group  Multiplex  (DGK)  equipments  are  employed.  Subscriber 
voice  terminals  Include  the  Digital  Subscriber  Voice  Terminal  (DSVT)  rxnd 
the  Digital  l!on-Secure  Voice  Terminal  (DiiVT), 

The  Theater  Objective  System  is  equivalent  to  the  Corps  System  in 
makeup.  Increased  use  of  troposcatter  is  planned  at  theater  level. 

Transition  Strategy  2- 

The  transition  strategy  is  outlined  in  the  liiTACS  Implementation 
Plan,  Transition  is  divided.:'  into  two  intervals ,  the  Improved  ATACS  tine 
frame  (1976  -  2-982)  and  the  final  period  (1983  ~  1997).  The  multichannel 
system  of  the  Improved  ATACS  time  frame  is  essentially  that  of  the  current 
system.  Improvements  during  the  period  include  increased  channel  capacity 
of  LOS  systems,  digital  combining  and  trunk  patching,  frequency  division 
multiple  access  (PDMA )  satellite  transmission,  automatic  small  switches, 
expansion  of  some  digital  trunking  capability  (use  of  the  TD-lOf-3  with  the 
TD~C('Q  Multiplex),  secure  net-radio  (the  Jideband  Security  Device  -  i'/BSD ) , 
and  circuit  technical  control  improvements,  27 

The  transition  approach  during  the  final  period  is  to  field  the 
TRI-TAC  assets  beginning  at  Separate  Brigade/Division  level,  then  Corps 
level,  ana  then  Theater  level, •  The  allocation  of  assets  would.'oe  guided 

ppU OSLSiM ImL 


by  the  Department  of  tho  Amy  Plaster  Priority  listing  (DAMFL).  Manage - 
ne-'t  wo- Id  be  applied  to  the  distribution  of  assets  to  gaintaia  a  near 
opt  iisuK  systo: r.  coih?5  juration  rV£  high  priority  users?  •  Improved.  ATAC3 
asset"  replaced  by  TRI-TAC  equipments  would  be  deployed  to  meet-  the  needs 
of  lower  priority  users.  (Thus,  ATACS  assets  would  migrate  "rearward",) 


Summary 

The  TATA  OS  Study  provides  a  roadmap  for  transition  of  Army  com¬ 
munications  to  axx  all-digital  objective  system  in  the  1990’s,  -The  Study 
includes  a.  system,  engineering  design,  signal  mult  force  structure,  hc.rd- 
vare  procurement  and  deployment  schedules,  and  programing  and.  budgeting 
guide  lilies. 

OTHER  SYST2IB  ' 

The  objective  system  configuration  and  transition  approach  adopted 
for  several  other  systems  will  impact  on  the  ability  of  subscribers  of 
the  Army  system  -to  communicate  with  users  in  the  other  systems.  Other  sys¬ 
tems  of  particular  interest  are  the  World  Wide  i-Hlitary  Commend  and  Control 
System  (VflfMCCS),  the  Defense  Communications  System  (DCS),  the  U.S,  Kavy 
System,  nnd  the  I?ATO  Integrated  Communications  System  (KICS). 


World  Wide  Military  Command  and  Control  System  (V?VfMCCS) 

Hr.  Thoaias  C.  Heed  is  the  Secretary  of  the  Air  Force.  In  March 
1975.  while  nerving  as  Director,  Tele  corammi  cat  ions  and  Command  and.  Control 
Systems,  Office  of  the  Secretary  of  Defense,  Mr,  Seed  described  the  WWMCCS 


as  follows: 


The  'P/.'KOCS,  as  now  understood,  is  a  composite  of  command  and.  con¬ 
trol  capabilities  distributed  world  wide  which:  (1)  Support  the  IICA 
by  providing  the  means  by  which  iafomation  is  received  fox  accurate 
said  timely  decisions;  apply  the  resources  of  the  Military  Departments; 
and  assign  military  missions  and  provide  direction  to  the  Unified  and 


and  Specified  Commands.  (2)  Provide  for  effective  command  ard  con¬ 
trol  curort  o'p  specific  missions  of  tho  Unified  and  Specified  Gomiaaiids 
and  the  UUMCCS  related  management/ information  systems  of  other  DoD 
agencies. 

Tb.n  \f.HlQQS  provides  secure  voice  and  data  services  to  interconnect 
the  National  Command  Authorities  (JJCA)  and  the  commander  at  the  scene  of 
action,  A  VfUKCCS  Architecture  study  effort  is  in  progress  which  will  id¬ 
entify  the  connectivity  requirements  (needlines)  for  the  VtfHGCS,  A  Ui/I’CCS 
System  Engineering  Office  is  being  organised  to  accomplish  the  planning  and 
design  necessary  to  implement  the  ’./i/IIGGS  Architecture,  ^9 

The  potential  impact  of  the  vft/KCCS  on  Army  communications  is  that 
VF./M0CS  needlines  will  extend  into  the  Army  system.  If  end-to-end  security 
is  a  requirement  on  such  connections,  then  the  ability  to  establish  direct 
digital  links  in  the  Army  system  is  necessary, 

Cne  approach  under  study  for  potential  implementation  for  WtfMCCS 
secure  voice  service  is  a  variable  channel  rate  strategy  in  which  the  digi¬ 
tal  voice  terminal  would  be  capable  of  operating  in  several  modes  (at 
different  bit  rates).  Such  operation  would  permit  adapting  to  a  low  bit 
rate  when  the  network  is  stressed  (thus  making  use  of  limited  transmission 
capacity)  or  adapting  to  a  high  bit  rate  to  gain  performance  when  capacity 
is  ample.  To  achieve  low  bit  rate  capability,  such  a  terminal  would  be 
of  cost  and  complexity  comparable  to  LFC-2.4,  3* 

Defense  Comiauni cations  System  (DCS)  ^ 

The  DCS  is  a  general  purpose,  long-haul  transmission  and  switching 
system  which  provides  a  wide  range  of  services  to  DoD  users*  The  Automatic 
Voice  Network  (AUTOVON)  is  the  clear  voice  "telephone  network*'  of  the  DCS. 
The  Automatic  Secure  Voice  Comcunicntiotts  network  ( A UTOSEV OCCii )  provides 
secure  voice  services  to  about  i^OC  subscribers.  The  Automatic  Digital 
Network  (aUTODH!)  provides  secure  record  traffic  eoxsaunicatioiis . 


'r 

3o:,’o  Insight  any  be  gained  into  -the  future  DCS  secure  voice  tran¬ 
sition  from  the  recent  remarks  of  Brigadier  General  J.  K.  Jacob-" meysr, 
Beiuty  Director,  Il^no  end  Programs,  Defense  Communications  Agency s 

....By  -finding  it  feasible  to  operate  digitally  at  16  KBS  ~  at 
Ior.r-t  for  secure  voice  -  in  the  CONUS,  ire  can  achieve  real  converg¬ 
ence  of  the  strategic  end  tactical  coxnuuicc-.tioiic  systems.  i'e  should 
■•cidcvc  true  iatcropcrcbiliiy  srd  logistics  commonality,  It  is  o 
re  a  c  enable  objective  to  forces  any  replacement  of  current  overseas 
JX2G  switches'  to  be  fund amen telly  the  TRT-TAC  switches.  35 

Lieutrair.ct  General  Loe  K,  Paschal  1,  Direct  of  the  Defense  Oorm.uii~ 
cations  Agency  recently  summarized  the 'approach  to  interoperability  as 
follows ; 

....it  seems  certain  that  the  future  BOS  will  be  heavily  oriented 
toward  interoperability  with  U.S,  tactical  communications  systems  and 
with  the  communications  systems  of  our  major  allies.  Interoperability 
end  technical  standardization  between  U.S,  tactical  c  o  mir.uu  i  c  r>  b  i on s 
systems  and  the  DCS  will  be  driven  "both  by  the  very  demanding  needs 
of  the  flexible  nuclear  response  strategy  as  well  us  the  requirement 
to  have  the  capability  to  precisely  control  U.S.  military  forces  at 
the  executing  level  in  crisis  and  contingency  operations. 

....Thus,  the  strategic  and  tactical  communications  systems  must 
have  a  degree  of  interoperability  and  technical  stenda3?dization  such 
that  they  are  transparent,  or  very  nearly  so.  'l'f 

Tlio  future  DUS  secure  voice  system  may  be  summarized  as  a  homogenou 
16  kB/c  digital  switched  network  which  provides  direct  digit?.!  links  bet¬ 
ween  CV3D  user  terminals.  Network  access  in  a  narrowband  mode  my  be 
achieved  using  the  LrC-2.4, 

U.S.  Navy  System  35 

Some  aspects  of  the  secure  voice  portion  of  the  U.S.  Navy  System 
are  discussed  in  the  section  on  TRI-TAC  Architecture,  Trails! t ion  of  U.S. 
Navy  communications  is  dominated  by  tho  especially  challenging  transmission 
channels  that  are  vital  in  the  Hav?l  environment.  HF/SSB  transmission  now 
in  use  is  a  severely  band  limited  channel?  data  rates  are  constrained  to 
kB/s,  One  the  other  hand,  satellite  transmission  channels,  to  some 
key  mobile  platforms  are  severely  power- limited  due  to  antenna  constraints, 


r;o  ''k-nuel  rctcs  are  rcstra'incd  to  16  fcB/s  or  loss, 

Tiio  tr« asltioual  Itevy  System  of  the  1980‘s  may  be  summarized  as 
e  16  IcD/s  digital  switched  network  which  interconnects  CVSD  subscribers. 
Direct  narrowband  links  and  narrowband  access  to  the  digital  network  will 
be  provided  with  LPC~2,A.  3- 

rATC  Integrated  Communications  System  (lilCS) 

The  iriOS  was  initiated  in  1970  to  seek  the  integration  of  various 

national  systems  into  a  common  user  switching  system.  '‘The  conceptual 

*•108  is  ?.  totally  integrated  grid  network  of  automatically  switched, 

38 

common  user  facilities."  The  EKPOVCX  is  the  current  standard  KATO 
vocoder  equipment,  which  operates  over  the  analog  links  of  the  switched 
network.  39 


Summary 

The  utility  of  U .  3 ,  Army  resources  to  communicate  with  subscribers 
of  other  systems  my  depend  on  tine  system  design  adopted  for  those  other 
systems  and  upon  the  method,  of  interoperability  selected  for  use  at  each 
system  ‘boundary.  The  DCS  and  the  iJavy 'System  will  employ  16  fcfl/a  digital 
trunlcing  to  provide  direct  links  between  CVSD  subscribers;  both  systems 
will  provide  narrowband  access  with  LFC-2.4.  The  ELCBOVOX  vocoder  is" 
employed  in  the  KIC3.  :-/e  examine  interoperability  "between  syo terns  in 


the  nor t  section. 


HiTEBOrnPABILIiY  'BRU2H1*  SYSTEM 


In  this  section,  we  czanihe  the  ability  of  secure  voice  users  in 
different  regions  of  the  overall  DoD  oystoia  to  communicate.  tfe  focus  on 
the  tandeming  problem;  "Are  conversions  to  analog  required  at  the  system 
boundaries  which  join  the  major  regions  of  the  overall  DoD  system? 


m  i 
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'.  oloV;l  point  of  view  i-  adopted  iu  this  section.  In  Chapter  4 


rc  -oous  tc 


lo-.r'.!  eour.i3f.rc.tio«8  of  tundeuing  hito.nvr.l  to  the  V.S. 


i.rxf.j  iuoticol  system,  Tandcmlng  end.  transition  co:ioide:eo.tionr.  are  woven 
into  t-  vx  fabric  of  global.  r.i.d  iutanml  architecture, 

Ferlrn?  of  the  Overall  S.ysten 

V;.'" ous  rations  of  the  secure  voice  portion  of  the  overall  sycte. 
ere  rho-.s-i  :r.  the  abstraction  of  Figure  ?.  The  sketch  represents  e  sinpl: 
fled  description  of  the  orgr-niaatiou  of  the  overall  cyoteia.-'  Fcioh  cirool- 
region,  is  a 'sector  of  the  system  within  which  direct  digital  links  a?.v  ’ 
provided  between  secure  voice  users  by  digital  trunking  e.t  *  given  chan - 


L;  thin  discussion  vre  wssia?  that  the  planning  directions  sus.- 
ssrrxsp.d  in  this  chapter  continue,  and  that  hardware :  is  fielded  in  the 
decad^  of  the  19-30*  s  in  the  many  regions  of  the  DoD  system.  The  global 
oyr.teai  a.tslxo.ctioiL  of  Figure  '9' ’nay  be  thought  of  as  a  system,  "snapshot" 
depleting  the  DoD  systoa  of  the  la  to  1980*=,. 

i/e  ir.e,y  think  of  the  circular  regions  of  Figure  9  rr  the  "back-' 
bono"  trunking  ar.d  switching  aiotwor 3ce  of  the  DoD  systen.  The  region 
label od  *’  US  ARMY  HITAGS"  represents  that  sector  of  the  transitional  sys- 
lew  within  which  Army  DS\??/DKVT  subscribers  can  be  connected,  by  a  direct 
link  of  yi  JcD/s  trunking.  (The  mthod  of  digital  voice  a/D  conversion 
associated  with  these  subscribers  is  shown  in  parenthesis.)  The  Arny 
IITTAGS  region  is  oquivalent  to  tho  joint  region  of  land-based  tactical 
cota.-nuM.cati 6iis  that  is  equipped  with  TRI-TAG  aultlcharael  transits  ion 
and  switching  assets.  Each  triangular  sector  in  the  sketch  represents 
s.  user  coaasunity  which  nay  access  one  or  sore  of  the  "backbone M  systems 
to  establish  a  long-haul  circuit  with  &  subscriber  in  another  community. 

The  distinction  between  circular  "backbone"  regions  sad  the  needs 
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regions  Is  that  users  in  a  backbone  region  may  establish  a  direct  dig¬ 
ital  link  with  any  other  user  of  that  region*  In  the  access  regionsi  by 
contrast,  some  user- pairs  may  be  capable  of  establishing  a  direct  link, 
whereas  other  user- pairs  may  only  be  connected  by  trunking  through  one 
(or  more)  of  the  backbone  regions* 

let  us  consider  the  question  of  tandem  links  In  this  “overall 
system"  using  the  notation  employed  in  the  discussion  of  Figure  6  in 
Chapter  2.  If  digital  voice  signals  were  converted  to  analog  at  the 
interface  boundaries  of  Figure  9,  then  a  connection  between  MSA  sub¬ 
scribers  that  is  trunked  thru  the  32  kB/s  multichannel  network  (i.e*,.a 
II- 1- II  connection)  would  result  in  a  three  link  circuit  (a  1-2-1  cir¬ 
cuit  In  Figure  6.)  Such  a  circuit  of  tandem  links  delivers  question¬ 
able  performance.  Assuming  analog  interfaces,  an  equivalent  three  link 
circuit  ( 1-2-1 )  would  result  on  the  following  paths  > 

II  -  I  -  III 

II  -  I  -  V 

II  -  I  -  VI 

III  -  I  -  V 

III  -  I  -  VI 

V  -  I  -  VI 

Thus,  a  primary  factor  in  determining  the  degree  of  interoper¬ 
ability  achieved  in  the  overall  system  Is  the  method  selected  for 
interfacing  at  the  region  boundaries*  (Stated  in  other  words,  the  choice 
of  interface  method  determines  whether  some  users  are  isolated  from  sub¬ 
scribers  in  other  regions*) 

The  analog  method  of  Interface  at  the  boundaries  I-II,  I-IH,  I-V, 
I-VI,  and  n-III  is  listed  as  one  option  In  the  TRI-TAG  documents*  An 
interface  method  called  "dual-rate"  that  avoids  such  analog  interfaces  is 
now  being  incorporated  into  various  system  plans  and  hardware  developments.  ^ 
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The  dual-rate  method  no  a  In  planning  will  permit  DSVT  equipped 
subscribers  iu  regions  I  o.ud  VI  to  establish  a  connection  of  one  digital 
link,  operating  at-  16  kB/s;  This  clwple  method.  is  accomplished  by  pro¬ 
viding  in  the  DSVT  the  capability  to  change  to  a"  16  KB/s  rate  for  operation 
on  those  counsctions  that  traverse  or  torrninets  in  a  16  K3/s  region.  In 
the-  c-'-; itched  oyster.,  the  diin.l-rr-.te  method  is  performed  by  automatic  "gear- 
shifting"  of  the  transmission  rate  at  the-  boundary',  i.e.,  each  bit  In  the 
16  Kl/s  signal  is  transmitted  twice  on  the  3?  TcB/s  channel,  (in  the  op¬ 
posite  direction  of  transmission,  each  pair  of  identical  bits  on  the  J?.  fcB/s 
channel  ir>  transformed  into  a  single  bit  In  the  16  kll/s  channel.) 

The  dual-rate  method  is  also  being  implemented  for  the  system 

lijO  .  .  , 

boundaries  I-II,  I- III,  II-III,  I-V,  Thus,  if  the  dual-rate  method 
now  in  planning  is  implemented  in  the  hardware  fielded  ?.n  the  transitional 
rystrn,  then  direct  Unit  eonneciior?  will  be  possible  between  all  DSVT, 

•ST,  curd  (SJH  users  (i.o.,  between  all  cocure  aubsc’-iberr.  with  o/OYSn)  digi¬ 
tal  voice  tori/.ual  that  have  system  acce in  regions  I,  II,  III,  7,  and 
VI.  A  second,  important  implication  ic  that  the  CV3D  equipped  subscribers  may 
establish  r.  circuit  of  two  Units  with  narrowband  users  (i.s,,  those  equipped 
with  LPC-2.4  or  FlIiOBOVOX)  iu  regions  IV,  VII  and  YIII.  A  circuit  between 
U,S.  userc  would  bra  at  worst  &.  (I-3)  circuit. 

The  fact  that  direct  digital  links  arc  possible  between  wideband 
(flVSb)  secure  voice  usorr  has  a  key  inpllcniici:  for  Into,  complications 
service,  Namely,  wideband  secure  voice  users  may  exchange  data  in  a  direct 
mode,  from  user  to  user.  Thus,  tho  secure  voice  capability  and  connectivity 
of  the  system  may  be  viewed  as  *  readily  available  resource  for  data  com¬ 
munications.  Such  a  resource  may  be  useful  to  satisfy  urgent  noedlines 
in  a  flexible,  responsive  manner. 


In  thin  section  we  have  examined  the  interoperability  of*  secure 
voic^  ooruieo'tiovis  >*hich  o'-'oss  the  system  boundaries  of  the  overall  Dob 
sycte-?,  Rush  rollon  is  considered  to  be  homogenous,  composed  of  users 
equipped  i.'ltii  "ne xt-  genera- tlon "  secure  voice  terminals  iuiorcoiuiected 
with  digital  trunking. 

The  duel-ro.tR  asthod  is  a  solution  to  interoperability  j&t  coao 
cyrten  boundaries  that  permits  direct  digital  links  to  be  established 
between  tfidetexd  (16  or  32  £S/c)  secure  voice  user  pairs.  Such  opera¬ 
tion  provides  end-to-end  digital  connections,  which  makes  end-to-end  on- 
crypt  ion  end  data  transfer  possible.  The  union  of  these  system  regions 
(I,  II,  III,  V  and  VI)  may  bo  viewed  as  a  homogenous  16  kb/s  network  (i.c. , 
•  ft  uniform  network . ) 

\ln  return  to  the  topic  of  tandem  connections-  which  include  nar- 
rowtihc!  liuTcj  in  Chapter  4, 

The  -system  level  discussion  in  this  section  did  not  include  con¬ 
sideration  of  voice  circuits  with  analog  conversions  internal;  to  a  region 
'( crossover  operation).  In  Chapter  4,  we  introduce  e  model  of  the  transi¬ 
tional  system  to  be  used  to  examine  circuit  performance  of  various  circuits 
of  tandem  links  internal  to  the  TJ.3*  Army  tactical  system  (l.e. ,  inside  the 
Regions  I,  II,  and  III,) 

SUEfARY 


The  thrust  of  DoD  policy  l:z  that  future  telecommunication!;  systems 
ViU  bo  digital  and  provide  end-to-end  security,  A  channel  rate  of  15  Y&  '/z 
lino  si, verged  as  the  common  target  of  various  regions  of  the  DoD  system. 

Tno  T.RI-TAC  Architecture  is  a.  or ct d  system  design  which  provides 
flexible  system  configuration  tenc.it ions  in  the  tactical  networks  of  the 
Services,  The  transition  strategy  is  a  hybrid  one  intended  to  permit 


cbttfcinu'ty  of  use??  serviooc  during  the  faro  decides  of  Evolution  to  a  pro- 
dc.'i.dnfax-ly  <?!•,?. tc.l  system.  The  lc-jfid~basc3  auitichruiiiel  systou  onploys  a 
3?  kB/s  channel  rote  for  digital  trunking  during  tfc«  transition*  Dual- 
rate  operation  permits  direct  digital  links  ?.t  16  kB/s. 

The  IliTAOS  Study  describes  a  specific  objective  system  conflgu- 
rotior  jatf.  tr->nc it ion  strategy  for  U.S.  Amy  coiisiunlcotionr. .  The  approach 
is  to  continue  ATA.03  5.jnprove;!icats  through  19&2,  thou  deploy  TRI-TAC  de¬ 
veloped  assets  to  complete  the  transition  in  the.  late  1990* c. 

Other  systems  Kith  which  the  Array  system  shares  a  mutual  depen¬ 
dence  for  design  and  transition  include  the  b’WMCCS,  the  DCS,  the  U.S.  Ns.vy 
System,  and  the  NICS.  3oth  the  DCS  and  L'avy  secure  voice  systems  are 
based  on  wideband  (16  kB/r,)  operation,  with  provision  for  narrowband 
(luO-2 .h)  access. 


•  2htej?oi^rabillty  of  secure  voice  service  between  systems  is  based 
upon  tha  dual-rat©  method  of  "gear-shift ijig"  to  16  I-ru/s  those  conns ciiona 
which  traverse  or  terminate  in  a  16  EB/n  region  of  the  overall  system. 
Such  op-oration  results  in  trr.nspa.rent,  direct  digits.!  links  bet i-reeu  wide¬ 
band  (16/32  IcS/s  )  subscribers. 
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?1 «  A  wilted  oir  or  ration  follows?.  Such  a  variable  rote  torrinal 
?  mplencn+..-tloji  V?  unable  to  achieve  the  sise,  height,  and  power  at-' 

;  Hii.+o':  nc.oooor.ri'  fer  anny  portable' Pnd  nobile  tactical  application;:, 
lii  addition,  revision  to  tactical  switching,  rr*ui*lplexin&/  and 

'.  trc-Atuiio oibii  designs  zp:j  he  needed  to  implement  a  widespread  network 
capable  of  such  va.rio.ble  rate  operation.  If  a  region  of  the  tactical 
system  remains  an  a  single-rate  circuit- switched  network  serving  CV3B-16 
users  end  the  refining  region  of  the  DoD  system  adopts  variable-rate 
operation,  then  a  taufteralug  boundary  would  be  created  along  the  inter¬ 
face,  On  the  other  hand,  tandcraing  sight  bo  avoided  except  during 
ct^sned  conditions  if  one  mode  of  digital  voice  operation  wore  univor- 
sally  field. 
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^•2,  Vercdnrl  e.O;®iUnioatlon  with  1-Cr.  Lorou  Diedrichseu,  Chief,  3ycte»yss 
j)ivis5.oii,  Engineering  Directorate,  TRI-TAO  Office,  4  i'etruary  19?6. 
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CHAPTER  4 

AMAW3IS'  -  VOICE  TAMDEKIKC 

In  this  chapter  we  focus  on  the  performance  of  circuits:  of 
tandem  links  5 nternsl  to  the  U.S.  Army  tactical  system.  (This  focus  in¬ 
cludes  Rodions  I,  n,  and  III  in  the  diagram  of  Figure  9»)  We  seek 
quantitative  performance  estimates  for  circuits  composed,  of  links  of 
CVSD-16,  CVSD-32,  LFC-2.4,  and  PCM-48.  The  goal  is  to  quantify  the  per¬ 
formance  estimates  of  circuits  for  which  a  tentative  assessment  s®» 
offered  in  Chapter  2  in  the  discussion  of  Figure  6. 

A  survey  of  analytical  and  experimental  results  is  presented, 
including  simple  model  for  SKR  calculations.  An  analysis  of  tactical 
circuits  ie>  performed  to  estimate  the  SUR  performance  of  likely  cir¬ 
cuits  of  up  to  five  tandem  links*  A  brief  discussion  is  given  on  the 
extension  of  tactical  circuits  into  other  regions  of  the  CoR  system, 

TAiM  LIHKS  -  AiiALfTICAL  AED  RXPEftliaiKTAL  RESULTS 

In  this  section  we  sur/ey  the  available  experimental  and  analytical 
results  which  lend  insight  into  the  performance  of  tandem  link  voice  cir¬ 
cuits  in  the  tactical  system.  The  survey  includes  an  examination  of 
U.S.  Army  PCM,  TRI-TAC  analysis,  ECOK  tests  sad  DoD  Consortium  tests.  An 
arbitrary  scale  of  circuit  performance  is  introduced.  Let  us  begin  by  ex¬ 
amining  the  PCM- 4 3  currently  in  use  ir.  the  ATACS. 

U.S.  Army  PGM 

The  TD-660  is  the  PGJ1  Multiplexer  employed  in  the  current  ATACS. 


?iv  use  of  digital  transmission  links  to  interconnect  analog  switching 
hoder.  results  i;i  tandem-link  circuits#  Thus,  the  taudemihg  performance 
of  i*f  fcu/s  is  of  vital-  interest. 

The  signal  to  noise  ratio  (SNR)  performance  of  PCM-4C  was  ana- 
lysed  and  measured  by  Wolfgang  H.  Fischer  at  the  U.S,  Army  Electronics 
Command  in  1^0 «  ^  The  slot -filter  method  vac  used.  SNR  measurements 
>rere  taken  on  JPCK-48  circuits  established  between  TD-352  HIM  Mul  tiplexers, 
The  TD-35-  vats  the  forerunner  to  the  TD-660,  and  employed  a.  functionally 
equivalent  PCM  convertor.  ^  Thus,  we  adopt  the  performance  measurements 
reported  by  Fischer  as  the  best  available  data  representative  of  the 
TD-650  FCK-48.  ^ 

The  measured  SKR  for  PCM- *1-3  is  plotted  in  Figure  10  as  a  function 
of  input  signal  level  (ISL),  ^  We  adopt  the  notation  that  is 

the  symbol  for  signs!  to  noise  ratio  (the  dependent  variable).  is  a 

function  of  IS7>~ «(,  and  of  the  channel  error  rate — p .  The  measurements 
did  not  include  channel  error  conditions,  so  the  results  describe  only 
the  quantization  noise  Impairment  due  to  variation  of  ISL.  (Thus ,  vs 
suppress  the  variable  j?  .) 

The:  maximum  SNR  (25-5  <©)  occurs  for  an  ISL  of  zero  dB  (%  (0)  - 
25*5  *B).  Notice  that  as  the  ISL  decreases  .^  declines  to  a  mini-sum  of 
12  d3  for  ISL-  -20  <33  (*<-  20)  »  1.2  d3).  (The  scale  on  the  abscissa  of 
Figure  1.0  vns  adjusted  so  that  the  peak  SNR  occurs  at  ISL  «  0.) 

In  a  subsequent  section  we  compute  an  oatiwvte  of  the  SKR  per¬ 
formance  for  circuits  which  include  tauder;  UuiJcs  of  FCM-hJ, 

TBI-TAO  Analysis 


The  Error  Control  Annex  of  ?  TRI-TAC  Architecture  establishes 
ar.  error  oudget  for  TRI-TAC  system:,:  and  identifier  ynd.-to-ond  error  con- 
trol  procedures.  5  The  analysis  supporting  the  error  control  design 


choices  includes  a  theoretical  examination  of  the  SNR  performance  of 
delta  modulation  on  tandem- link  circuits  with  digital  channel  errors, 

An  estimate  of  the  SNR  performance  of  one  link  of  linear  delta 
modulation  (IDM)  is  given  by  the  following  equation  t 

*  =  8  +  8S*tz(~ik) 

where 

^  Slgnal-to-noise  ratio  (in  dB) 
f8  ■»  Sampling  rate  (in  kHz) 
fm  *  Highest  modulating  frequency 
If  we  choose  f m  «=*  4  JcHz»  equation  (4-1)  becomes i 

%  =  8£o^i(Ar)  dB  (4.2) 

Evaluating  equation  (4-2)  for  sampling  rates  of.  16  and  32  kHz  yields  the 
following  results* 


*8 

n 

(kHz) 

(dB) 

16 

16 

32 

24 

Equation  (4-2)  was  derived  by  Dr.  J.  B.  O'Neal  for  a  rather  simple 
link  of  IDM.  The  results  may  be  adopted  as  an  estimate  of  the  actual  SNR  ~ 
performance  of  CVSD.  This  approach  is  reasonable  because  the  companding 
mechanism  of  CVSD  adjusts  the  step  size  of  the  quantizer  to  deliver  CVSD 
performance  that  is  essentially  equivalent  to  IBM  operating  with  an  input 
signal  of  optimum  level.  In  other  words,  the  SNR  performance  of  CVSD  is 
near-optimum  over  a  range  of  ISL  of  20  or  30  dB. 

Note  that  equation  (4-2)  provides  an  approximation  of  the  SNR 
performance  (due  to  quantization  noise  alone)  for  one  link  of  CVSD  oper¬ 
ating  at  a  particular  sampling  (channel)  rate.  (For  delta  modulators 


m  m 


the  rat"  — -  fs  •••*  is  equivalent  to  the  channel ''bit  rate  —  I.)  • 

?r.iw.  ia^^JLnaut  *ue  to  channel  errors  is  not  considered. 

A  modified  equation  is  derived  in  the  TR.T-TAC  analysis  which  does 
c-.ccoum,  for  channel  errors*  The  modified  equation  provides’ only  .approxi-' 
ffictc  results  because  the  noise  due  to  channel  errors  is  computed,  for  a 
sinusoidal  input  signal.  But  the  results  do  provide  a  useful  estimate 
v-'**  the  performance  of  one  link  of  C7SD  id th  channel-error  impairment*  The 
SIIH  performance  results  are  suarmaarized  in  Table  8,  c 

The  results  of  Table  3  will  be  used  in  n  oubeequont  section  to 
compute  oai  estimate  of  the  SKR  performance  for  circui  ts  which  include 
tandem  links  of  cySD-16  and  CVSD-32* 

Consider  the  SKR  ■  performance  of  a  circuit  composed  of  several 
links  in  tandoau  leet^be  the  symbol  for  the  SHS  of  the  1-th  link.  If 
wc  assustC  thet  the  noise  contributions  on  the  several  links  are  uncorre- 
lelcd,  then  the  noise  adds  on  a  power  basis  and  the  circuit  SlfS  may  be- 
computed  as  follows  s 
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Tne  bar  is  added  under  the  symbol^  as  a  reminder  that  the  SUP,  is  given 
as  a  power  ratio  rather  than  in  <1B.  The  following  relationships  holds 

t  *  IP  “5  AB 

«.»%  <w> 

n-io 

Squat  ion  (4-3)  yields  the  SIIB  at  the  output  of  a  circuit  of  ?•!  links, 
where  the  SKR  of  the  i-th  link  is  aquation  (4-4)  is  the  relation¬ 
ship  between  power  ratio  end  dB* 

let  us  illustrate  the  use  0f  equations  (4-3)  and  (44)  with  a 
simple  example.  Consider  a  circuit  of  two  links  of  CYSD-3?.,  Assume 
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p  -  0  (i.o. ,  :to  channel  errors).  Proa  Table  8,  dB. 


c.  x(z4) 

V  =  10  s  10  =  ZSl.Z 


L/^b  n*.  *  «w 


£«**! 


'Ip  *■  1 25.& 

*  to  io^Cn*^)  *;vzii8 

T'*'o  linkr-j  of  CV3B-32  deliver  a  circuit  SliTt  of  21  dB,  a.  3  d£  decrease 
froa  a  ozio-link  circuit.  The  3  43  change  results  from  a  doubling  of  the 
noise  poirer.  Sinilarly,  a  four-link  circuit  of  GVSD-32  delivers  an  SiiR 
of  10  dB . 

r  SOON 'Ter t o 

A  sox ios  of  tests  of  the  performance  of  digital  voice  links  -/fere 
conducted  by  the  Electronics  Gonusand  in  1973*  7  The  purpose  of  the  tests 
v-3.3  to  verify  the  utility  of  0 VCD- 16  and  CVSD  *3 2  for  use  in  the  secure 

voice  systems  of  DoD,  The  tests  involved  tandem  links  of  CVSD  and  vo-  • 
coders* 

The  consonant  .recognition  test  (CRT)  is  a  tost  intended  to  mea- 
rurc-  the  wort  intelligibility  porforamce  -cf  a  circuit  .  The  GST  was  de¬ 
veloped  by  -7.  Preunse  for  BOO;!  and  v;.-r  'employed,  in  the  i??3  series  of 
teats.  Sauplo  test  words  are  played  through  a  circuit  and  o  iist.esiar 

ju-y  records  the  jorooived  wo*fl?j.  Tlr-  fraction  of  correct  responses 

*  :': 

termites  the  CRT  score  on  a  .r?nge  of  ao'ro  to  100.  The  subjective  de¬ 
scriptors  for  CRT  scorer,  are  listed.  !•:  Table  9.  $  y0  not*  that  this  scale 


Ftl 


TOT 
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Table  9 


■'  vo  Descriptors  for  CRT  3  cor  or 


73  *  *?♦ 

.  Score 

Xf5ji  C  ^  *0  y 

St* ? v. t^r  "t i ,‘u i 

25 

Vf.Ti  Go-or!  (70) 

CO  to  25 

Goof*  (0) 

75  iio  30 

Fr-ir  (v) 

70  to  75 

K ;t,Tjiiu.i  (it) 

oC  to  70 

Unacceptable  (U) 

Lose  than 

SO 

1g  -ar  rrhitrc::;  oao,  But  the  scale  is  useful  to  #?id  ir*  lateri-Kcting;  tort 
results, 

;  u,i:r*t'coos<vi  s-eeck  resulted  jy  *  90. S  CST,  CV:o  link  of  CVSD-3? 

dr?fvf'rcr?  o  ”0,5  vKSi  r.c  elviuiel  errors,  to  g  ?C«8  CRT  vitli 

10X  a^or.-  {p<d"').  Five  tor.der.  links  o**  CVS9-3?  with  no  errors  do3.?ver- 
cd  "is  Ti,  v  CRT.  Those  results  for  CVSD-32  fall  into  the  B/VC  ranges  of 
rnacl(.  0. 

Oisr.-  li/.k  o*  !7V*7P-lv  deliver'd  t:  £-J!  •  5  CRT  ( Yj)  with  ..o  errors,  d o - 

t  .)  300  SB*  (?)  with  103  errors,  hot*  +ha+  these  t*-ro  rcnuHr. 

cor.^ro  L.o  S;:R  ostia's  ter.  of  1'  cad  ?.3  dB  reapseW vely ,  (Sec  Tool*  P.) 

Two  llnkr:  or  CY3J)-i'v  deliver  .nr*  8i,3  CRT  (VG)  with  no  errors .  Adding, 
errorr-  os;  o no  o.f  the  links  degrades  perfonaan'CO"by  shout  throe  points,  to 
?■  re  CRT  (C).  A  Circuit  of  four  link*  of  CVSD-lo  delivered  a  >{8.6  CRT  (v), 
PTC  Gull  u-.n  Uilwt  the?  "unarceptobln"  tirocinia.  ? 

s.-f  rjuasi-snalo^  (.mien)  ::J .pie-lc  over  t>  single  link  of  CVSD~l£ 
or  OYS.O-3.?  doBbnr.trfte  that  C7SD  in  net  a .  suiteblc  l/l)  technique  'for-  con- 
vcy:{,0  iioii--vy!r.c  (aodor.)  Riyo-lr: .  Of  five  j.cdosnr.  tor.lcl,  only  two  aeh- 
i'-voi  ctvj  do0roe  of  svocr.-.n .  10 

The  tr.-vtc;  of’  (T/SD  in  a  tendon;  connection  Kith  urirrmfouri  links 
(r-uch  rr;  the  nhunnel  vocoder)  load  to  the  conclusion  the t  the  circuit  of 
two  Ui.r.Hf'jp,  links  delivers  intelli^lbHHy  that  is  eocentially  equivalent 
to  thet  of  the  iiarrow'band  syr-tc.-ri  alo:ie.  It  in  clear,  however,  that  the 
circuit  of  two  links  in  inferior  to  u  or.'e-liufc  circuit. 


DoD  Consort  is.1  in  To  etc 

The  Consortium  tests  bnvrhViec  eonploted  end  the  report  of  find- 
lues  Is  ir.  coordination  draft  for®  i  f  the  tine  of  this  writing.  11  «$*, 

tenting;  eonfirjsB  that  a  land  or  circuit  of  one  link  of  CVSIM6  aiid  one  liak 


'■•'••’i.-.orr-  rose  pi  sol-.'  yarforreuics  if  ehur.ucl 


error  rates  aro 


Giro  ui  in  of  three  links  compose:!  of  and  UC-P.h 


deliver  lUiaccorts.blo  jerfor&r.rce . 

T-i$-  L'i  reyrorect  the  cost  exhaustive  ir*veoti^»tlou  of  the  por- 
ferrsne?.,  rest,' .end  eosplsxiiy  of  narrowband  digital  voice  prooesco.ro 
erf':''  ocjj/Vu^‘c-0^  .  Th o  tost  repc?rt  should  receive  careful  study  as  a  source 
of  i.  into  the  ^orpora,tnco  'of  circuits  of-  tandem  Jink, 


••k-  Arbi  ■*— r.-^y  ;jnr..lc  of  fe^forcr.noo 


To  simplify  ihn  discussion  of  the  next  «eciion  wado^l  on  arbi¬ 
trary  s'T.lc  of  perfornniico  shown  is  Table  10.  Such  c.  scale  in  subjective, 
=!nd  rep*-.:r.ei:t"  the  opinion  of  the  Author,  To  PKphp.siae  the  arbitrary 
natu.ro  o'*  tuo  male,  adjective  descriptors:  •wore  selected  that  are  not  com- 
Cionly  aiv.-^  to  describe  precise  quantities. 

.'  "'tii.'ilily”  f*i")  circuit  ic  one  with  323  creator  then  17  dB.  A 
typical  o-i^cuit  in  Mu  Bell  Syr-,  tori  would  deliver  &11  SKR  of  30  <53  or  higher. 
Two  ij/jf-c  o-?  IVSP-yi.  deliver  a  ?.l  d3  SiJR,  and  asi  Sri.?  OR T  (Excellent  on  the 
CPT  Seele  o f  ?al»3r 9) •  !■  *%*  circuit  provider:  a  very  comfortable  perception 
.'pf  lu&l? ^  and  presence  to  the  user,  the  to.lknr  nay.se,  readily  identified, 
.'■•nd  hi oi*  Intelligibility  ie  naintainod.  The  circuit  hue -a  wide  range  of 
ar.r^in.  Tivt.  in,  concidcrtblc  cd.dit5.orj.al  in.palri&on  In  such  as  acoustic 
bcck^rn'a.d  noise,  channel  errors,  had  level  off  cots  nay  bo  suffered,  but 
the  c! rr-ui L  reason  useful, 

A  "Suitable”  ("3 M)  circuit  Vr  our-  that  is  generally  useful  for 
military  voice  corjiaiunicationn.  Tor  bnraple,  near  the  lop  end  of  the  range 
is  CVSJ3-1  £,  SKR  -  IK  d3,  OKT  -  V%.r  (vc).  At  the  low  end  of  the  "3"  range 
in  a  circuit  of  two  Hubs  of  CYST) -I',  3hR  «  c!h,  CUT  -•  hi  ,C  (7b)  .  (Oj.o 
i'*’- <j  wo. *er vo  ch'.:^  •uis  oui-^olv  r*.  01*  .no  ?.T,uJtr,-ii^y  S«I:  scale  ccTris- 

pcr.dy  roughly  to  the  "Very  Coo*"  or.  the  OR?  Socle,}  Oircuitr,  iu 


0p 


'  !»•*!-*  •/' 
»u«* "  • 


’'Kuw  uC 


rr^,  . .  .  -  j£**"r 

13 <\*  -7  ^ 

*l*  $  & 


ip 


89 

the  "S"  -range  possess  some  margin  to  suffer  additional  inpairments . 

A  ’Tenuous"  ("T")  circuit  is  usable  with  sons  difficulty.  Users 
must  adjust  their  speech  patterns  to  speak  slowly  and  distinctly.  Some 
repetition  is  necessary.  Users  are  unlikely  to  identify  the  other  talker* 
Such  a  circuit  will  not  be  pleasing  to  most  users.  The  user’s  ability  to 
perceive  the  nuances  and  emotional  content  of  speech  is  severely  impaired* 
The  circuit  has  little  or  no  margin  to  remain  usable  if  additional  im¬ 
pairment  is  suffered*  Although  Tenuous".  such  a  circuit  Is  usable  and 
represents  a  worthwhile  secure  voice  resource* 

The  scale  is  arbitrary.  Judgemental*  and  thresholds  should  not  be 
considered  precise.  SNR  measurements  and  analytical  estimates  display 
variations  between  methods.  Some  pairs  of  users  may  communicate  success¬ 
fully  on  a  circuit  of  SNR  somewhat  less  than  •?  dB.  while  other  pairs  of 
users  may  find  a  10  dB  SNR  circuit  to  be  unusable.  Noting  these  qualifi¬ 
cations.  we  employ  the  scale  of  performance  to  aid  in  an  examination  of 
the  relative  merit  of  circuits  of  tandem  links. 

ANALYSIS  OF  TACTICAL  CIRCUITS 

In  this  section  we  present  a  tandeaing  model  of  the  tactical  sys¬ 
tem  that  is  useful  to  aid  in  visualising  the  many  possible  combinations 
of  circuits  of  tandem  links.  An  inventory  of  tactical  circuits  is  ac¬ 
complished  and  analysis  is  performed  to  estimate  SNR  performance  *  Im¬ 
pairments  due  to  ISI  off  sets  and  channel  errors  are  examined  by  consider¬ 
ing  selected  examples. 

A  Tandemlng  Model 

We  seek  to  examine  the  performance  of  typical  circuits  in  the  tac¬ 
tical  system  during  the  transition  of  the  l980*s.  The  segmented  "tennis- 


C'£.ilM  diagra;:  of  Figaro  £-  provided  one  abstract  perspective  of  voice  tau-- 
«tessl»y.  Tlv?  of' Figure  11  displays  a  simplified  configuration.  of 

tho  tr ex leal  network  in  a  theater  of  operations* 

Figurb  11  represents  a  simplified  "snapshot"  of  a.  system  layout 
that.  ir»  reasonable  for  a  two-Corps  theater  in  the  late  1930's,  We  assume 
that  steady  pro-press  will  he  made  in  fielding  tactical  assets  to  realize 
tne  JITTAOS  Objective  System, 

The  diamond  --shaped  nodes  represent  nodes  of  the  MS/,  subsystem, 
s-  16  VB/rs  network  in  the  division  area  serving  1ST  and  CT7R  subscribers. 
The  rectangular  nodes  represent  the  digital  switching  matrix  of  the  Unit 
Levol  Switch  (U'is)  or  the  TTC-39*  The  circular  nodes  represent  h—vire 


analog  switch  nodes  (e.g.,  the  SJJMX  of  the  TTC--39,  or  the  TT0~38),  The 
triangular  nodes  represent  manual  analog  switches  (2  Wire  operation). 

The  connections  between  nodes  are  dotted  or  wavy.  The  dotted  connections 
represent  digital  trunks  between  digital  switches.  (Note  that  no  conver¬ 
sion  to  analog  in  required  along  a  dotted,  path  connecting  digital  switches.) 
The  wavy  connections  represent  analog  trunks,  (in  general,  the  analog 
trunks  arc  provided  using  the  JPCK-48  A/D  and  D/A  converters  of  the  TD-660 
Multiplexer.  The  transmission  is  digital,  but  the  trunks  are  analog  ones 
connecting  analog  switches.)  The  slice-of-pis  shaped  fans  represent  ex¬ 
ternal  paths  to  NATO  or  the  DCS . 


Figure  11  is  useful  to  assist  in  visualizing 


various  circuit 


paths  tnrough  the  network.  A  catalog  of  various  circuits  of  tandem,  links 
may  be  obtained  by  inspection.  The  Corps  ou  the  left,  for  example,  is 
equipped  with  TTC-3?  switches,  unit  level  switches,  the  ISA  subsystem, 
digital  trunking ,  and  DSVT  secure  terminal©,  GHH,  KST,  and  DSYT  subscribe] 
may  be  connected  by  one  digital  link  if  *  digital  trunking  path  is  avail¬ 
able  in  the  network.  If  a  connection  between  such  users  is  accomplished 


H^flUbe.  il  A  TAckica.1  Nt4won{r  Moi«l 


m. 

;  crn^ovcr  to'oirdqg  trusJs,  •:•.  tanden  circuit  results  such  as  that  .Il¬ 
lustrate:?.  lr.  Fierce  th. 

Tho.lorps  on  the  right  side  of  Figure  11  is  equipped  prodonii-ntcly 
*;-ih  •••^'13  >xtfotn  (ocaloo  trunks  cud  switches).  TteAesr  link*  of  fCSMfC " 
ccerr  *■:■  in?.,-  region, 

w—  wtMgUlcj  cad  diaa»ftd-shar®d  digital  nodes  .»"■  Ve  intercon--' 
*»e*«y*  ..-H5  truifeiug  by  satellite . 

Ir  the  iicyfr  oulcootion  we  ojcari no  circuit  examples. 

Tr.ct3.ca?.  Qlrcu.lt  lixaT-.lsc. 

In  tide  subsection  we  examine  topical  circuits  internal  to  the 
tact  tea?  network  of  Figure  11,  We  consider  circuits  with  up  to  sir  tanrtesi 
-linkn  of  rCK-ftC,  CJV3D-32*  and  CVSD-16,  The  SBR  performance  of  jsuch  links 
detailed  in  the  previous  seeticsi  is  applied  in  this  section  to  ostisato 
circuit  ChS  perf onrnuce .  CJIiajuiol  errors  aad  33L  effects  are  eon oidored 
hi  specific  circuit  examples. 

v,ro  continue  the  notation  used  in  the  discussion  of  the  "tennis - 
kfjl2  tiodel  of  "Figure  in  Chapter  2,  A.  nuribsr  reproesnts  one  link  as 


follows 


1 

2 

3 

h 


Type  of  Link 

CVSD-16 

CVSD-32 

LPC-2.4 

FCK-kg 


Xn  this  manner,  (1-2)  represents  a  circuit  of  two  links  —  one  o* 

CVSD-l 6  and  one  of  OVSD-32.  In  this  subsection  we  do  not  consider  1  irk* 
of  LIG-2.4. 

As  an  introduction  to  the  Methods  of  this  suL section,  lot  us  con¬ 
sider  tenders  links  of  FC5M-US.  Figure  12  displays  the  SSft  at  the  output, 
of  a  circuit  of  K  links  of  Fck-48,  for  K  =  i,  2,  c.  Three  conditions 


✓  f 


are  considered* 

The  upper  curve  is  a  plot  of  the  SNR  performance  assuming  4-wire 
switching*  (No  ISL  offset  obtains.)  The  SNR  for  M  links  is  computed 
using  equation  (4-3),  From  Figure  10,  the  SNR  for  each  individual  link 
is  25.5  dB.)  For  this  ideal  situation,  performance  remains  Quality**. 

The  middle  curve  is  plotted  for  2-wire  switching,  for  which  a 
3  dB  decrement  in  ISL  occurs  at  each  switching  node.  The  SNR  operating 
points  for  each  link  are  obtained  from  Figure  10,  and  the  output  SNR  com¬ 
puted  using  equation  (4-3).  Notice  that  the  performance  for  5  and  6 
links  declines  into  the  /Tenuous1*  region. 

The  lower  curve  is  plotted  in  &  similar  fashion  for  2-wire  swit¬ 
ching  and  an  additional  3  dB  loss  in  ISL  at  each  node*  (This  condition 
is  a  net  decrement  of  6  dB  in  ISL  at  each  node.  This  situation  would  oc¬ 
cur  if  a  wireline  loss  of  3  dB  exists  in  each  switching  node.).  Notice 
that  performance  declines  to  Tenuous**  for  4  links  and  “Useless"  for  5 
or  more  links. 

This  discussion  of  Figure  12  demonstrates  the  Importance  of  ISL 
variations  in  tandem  links  of  PCM-48.  The  performance  of  PCM-48  may  re¬ 
present  a  key  limitation  of  tandem-link  performance  In  the  1980*8 

Consider  the  circuit  of  two  links  of  PCM-48  interconnected  by  a 
wireline  trunk  with  15  dB  loss  (e.g»,  a  6  mile  wireline).  Refer  to 
Figure  10,  The  first  link  of  PCM-48  has  SNR  •  25,5  dB*  Assuming  2-wire 
switching,  the  ISL  at  the  input  of  the  second  link  of  PCM-48  is  -18  dB, 
so  SNR  12  dB.  The  output  SNR  is  11.8dB,  a  "Tenuous"  circuit.  This 
example  is  contrived  to  illustrate  a  worst-case  situation.  Notice  that 


the  talker  could  shift  the  operating  point  on  the  second  link  to  a  more 


favorable  position  by  speaking  more  loudly,  but  such  action  shifts  the 
operating  point  of  the  first  link  down  the  other  side  of  the  performance 


•  r‘  u<o:;  «  shift  were  accomplished  so  that  the  3i-iH  on  tho  two  linkc 
"rr:  oo?u».l  •(?*  S,3f  *  15  di5),  then  the  output  SUB  3.e  13  **B. 

pat-T-lnk  Circuits «  The  circuits  of  one  link  have  already  been 
,  discumo-f ,  lot  us  su&aarize, 

connected  by  one  link  of  FCtMlS  enjoy  a  "Quality"  circuit, 
(See  10.)  'The  'peak  SER  is  25.5  d3,  and  performance  declines  to 

<*,•:  if  tho  T3I*  Is  decreased  Toy  20  dB  froir.  the  nominal.  3 at  on  a  one- 
.mJ-':  circuit  the  talker  nay  simply  speak  louder  or  closer  to  the  microphone 
to  uhift  tho  iil’Ti  operating  point  into  the  "Quality"  region.  FCf!  is  sev¬ 
erely  degraded  by  channel  errors  of  .1  to  i?5,  but  ’multichannel  radio  link:; 
normally  joovi.de  satisfactory'  error  perfornance* 

Users  linked  by  0YS3-32  also  enjoy  a  "Quality"  circuit.  SHF  =-•  ?h 
dl  vJth  ad  errors,  and  performance  declines,  only  to  SNR  W  21,9  d.3  for  er¬ 
ror  rates  is  high  as  1$.  The  link  roioains  a  "Quality*'  one  ovr»x  s.  wide 
Trr.ge  of  131  duo  to  the  adaptive  companding  of  OVRD.  Performance  degrades 
to  "Tonuoun, "  SlfR  —  12  dB  for  a  1Q{S  error  rate. 

U:;nrr..  linked  by  CVSD-15  obtain  a  ^Suitabld"  circuit  of  SNR  -  16  dB. 
S.”-oro  degrade  performance  to  SKR  =~  15,7  e.2  for  1%  error  rate,  and  to 
SUB  ••  dB  for  a  103?  error  rate. :  Ihrformnnce  is  essentially  uo changed 


over  0  wide  r.-ngc  of  TSL, 


Tvo-LhJ<  Circuits .  Vo  consider  cooiliuctions  of  three  types  of 
"~i"  (C /-«D“a,.‘,  CV3T3-3?»and  ICT'-kc,)  >:tv fuigod  Jn  t'mdomr;  of  tvo  links. 


Tu'-re  .-,ro 


P- £  1)  S  -  r 

O  -.1)  !  z  :  ° 

ouch  combinations.  The  tandem  combinations  r.rc  listed  in  '’’able  ‘  1 

The  fi-ct  colum  of  Table  i:  ?>•,  ?,  r.orpoci.cFi . neuter  for  oaW  of 
c-osu  reference.  The  second  column  If c+c  the  composition  of  links  in 


H  1EP  A9 


p.'ch  ni Thr  third  column  contains  a  judgement  ac  to  whether  sue fc 
-  circuit  1.r  likely  h.  i he  tcctical  system.  (A  iueotich  urrk  entry  de- 


nvtns  uncortciuty.)  71:0  fourth  coluxa'  contains  the  -output  Ui.'R  perfoircanee 
for  rM»o  o  f.r;vit  (and  th’--  shorthand  description  in  parenthesis ) .  The  fifth 
colun.  Xl-tc  the  CRT  .-core,  if  available  from  the  3COM  tests,  Vote  that 
the  i&.'fvizzcts  lifted  in  T->tls  li  is  nominal,*  inpa.1rrn.out  due  to  channel 
errono  auc?  TSL  3-^ctu  am  not  considered. 

•Circuit  ;\‘i  yields  jporforaance'  at  the  (*•?"/ wSn)  boundary  (SilR  -  13 
do).  Such  a  circuit  jv y  to  5. voided  in  the  tactical  system  if  .&  digital 
hitorfc.ee  is  aceor.’pTishod  between  CiiR  rind  KSA  nubnyr.t6-r.is,  and  if  the  ••’ual- 
eate  aethoi  in  implement©?  at  the  J2  kB/s  multichannel  oys+.oa  boundary. 

(4.3  wr.r<  noted  In  Chapter  3 »  if  these  two  conditionn  are  «:et,  then  direct 
•digital  links  arc  possible  between  all  DSVT,  I.'ST,  and  CbS  users  —  pro¬ 
vided  that  a  digital  trunking  path  is  available.  The  proviso  my  be  met 
by  allocation  of  digital  twmojnlsGlor.'  resources.)  's/e  conclude  that  cir¬ 
cuit  *"1  should  be  avoided,  if  possible  (by  directly  connecting  users  with 
one  link).  (Circuits#!  and  Uh  nay  occur  in  conference  connections  if*  an 
analog  bridge  is  employed.) 

Circuit  HZ  yields  Slip.  «■  i$A  dE  (MS").  Such  a  circuit  may  be 
avoided  if  the  conditions  discussed  for  'circuit  MX  "are  mat.  A  oho-link 
M  connection  would  obt.-in. 

Circuit  #3  (SHF  «  1J5.5  62)  will  occur  on  connections  between  CER/ 
M3T  uccrr.  and  analog  users  that  ere  one  fCK~/f8  trunk  distant  from  the  ana¬ 
log  intcjc-faco  point. 

Circuit  /#'•  (GiiP  *  21  dE)  should  not  occur  in  the  tactical  system, 
because  an  intermediate  conversion  to  analog  la  unnoco3sary  (and  undesir- 
uolo)  on  a  digital  path.  Tho^  connect!  on  should  be  accomplished  as  3  direct 
link.  (Conferencing  is  a  possible  exception.) 
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Circuit  #5  (SNR  “  21,?  dB)  will  occur  on  connections  between  DSVT 
users  and  analog  users  (that  are  one  FCM-48  trunk  distant  from  the  analog 
interface  point). 

Circuit  #6  (SNR  »  22.5  dB)  is  a  common  one  between  analog  lasers . 

To  summarize  Table  11,  in  the  absence  of  additional  impairments 
all  likely  two- link  circuits  are  "Suitable"  or  "Quality."  Circuit  perfor¬ 
mance  is  enhanced  if  (1-1),  (1-2),  and  (2-2)  connections  are  avoided  (i.e. 
replaced  by  direct  links). 

Let  us  consider  two- link  circuits  that  include  channel  errors 
and  1SL  offsets.  We  select  several  sets  of  operating  conditions  for 
illustration.  The  conditions  and  the  results  axe  listed  in  Table  12, 

The  sequence  number  in  the  first  column  is  keyed  to  Table  11, 
and  the  letter  which  follows  identifies  the  particular  circuit  impair¬ 
ment  conditions  selected  for  illustration.  The  channel  error  rates  are 
listed  pairwise  in  the  third  column  in  the  same  order  as  the  links  are 
listed  in  the  second  column.  Similarly,  ISL  offsets  are  listed  pair¬ 
wise  in  the  fourth  column.  Output  SNR  is  shown  in  the  fifth  column. 

Circuit  #la  shows  that  a  1%  error  rate  on  each  of  the  links  of 
Circuit  #1  leads  to  an  SNR  *  12.2,  a  slight  decrease.  Circuit  #2 a  has 
10#  error  rate  on  each  link  resulting  in  SNH  **  6.8  ("U**). 


Three-Link  Circuits.  There  are  10  circuit  combinations  of  three- 
links  composed  of  CVSD-16,  CVSD-32,  and  PCM-48.  The  performance  of  these 
circuits  is  listed  In  Table  13, 


Circuit  #12  will  occur  on  connections  between  CNB/MST  users  in 
different  MSA  subsystems  which  are  not  linked  with  digital  trunking. 
Such  a  curcuit  has  order  (1-4-1).  ^ 


Circuit  #15  will  occur  on  connections  between  DSVT  users  accom¬ 
plished  on  an  analog  trunk  of  PCM-48.  Such  a  circuit  has  order  (2-4-2). 
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Table  12 
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Circuits  of  Three  Links 
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of  three-link  circuits  with  ir.v.cnts  s-o 
ir"v**a  **'•  The  ir.rpairr.snts  degrade  output  SKR. 

Fsu^-I-in!'  Circuits.  There  arc  15  circuit  coribiuations  of  four 
liuh:.  x'-'-^omcaco  of  these  circuits  is  listed  iu  Table  15.  :'c 

•coir  luuc  t»t*  t  of  -the  sir  likely  four-link  circuit.-; ,  three  are  ‘Quality  ", 
V/O  ore  "Suitable",  cud  one  Is  "Tenuous ",  Circuit  ,-M  would  occur  in 
'vf*t'  °"trftr  .  The  circuit  is  an  evtonsior,  of  7>!12,  the  likely 

three '•11  n’t  circuit  with  “Tenuous"  rating,  Me  note  tluat  circuits  ^12 

s‘u**  *ou^  1;°t  accur  if  digital  trunking  •  lr.  provided  between  OKR/’SA 
ucn"  ccjr.ir.uiil ties. 


Circuits,  There  pro  21  circuit ' poabiimt ions  of  five 
Th#-  por^orwjnao  of  oolectod  five-lit!:  clrov.itc  i&  lintacl  in 
>l;lr-  r '.  .V  conclude  that  of  the  ci^ht  Ufte2*  five-link  circuits,  .four 
'ire  ;.Juf  lit/"*  t»o  e.ra  "Suitable",  and  two  ere  "Tonuour".  The  f.ro 
>.KUOuT."  oircults  (.'-*55  and  5')  are  extensions  of  the  ,Tr1nuoas"  four- 
lii.T'  one.-',  dlscmsod  above.  The  same  conclusion  follows* 

SSSaSX.  I»  this  cuboection  analysis  was  *erfor.eed  to  establish 
S:S>  ^rP°-r“C0  oi‘  '’iwuits  of  iante  links  in  the  tactical  network.  11- 
:wt  v.V.  likely  circuits  of  tauden  links  provide  ‘*Sui  table  "  or  "Quality" 
l-orforasuace,  so  margin  is  available  to  woosusodatr*  additional  i&palraonis 
not  included  in  the  analysis  which  my  occur  in.tu  opting  eystcu.  The 
circuits  of  "Tenuous"  jerfomsnee  tr..y  y»  avoided.  hy  ^ovid^ digital.  • 
•trunking  between  K5A  co&JwJties.  The  "twin- peak **  CliR  curve  of  PCM-/' 2 
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is  a  factor  in  tandem-link  performance  if  level  offsets  occur.  Con¬ 
clusion-  and  recommendations  are  given  in  Chapter  5* 

The  analysis  in  this  subsection  does  not  prove  that  satisfactory 
performance  vrill  be  obtained  on  the  circuits  examined.  Rather,  the  ana¬ 
lysis  provides  a  useful  estimate  of  relative  performance. 

One  important  factor  not  considered  in  this  section  is  confer¬ 
encing.  If  an  analog  bridge  is  implemented  to  accomplish  conferencing, 
then  one  additional  tandem  link  is  included  in  each  conference  circuit 
path.  Such  operation  would  result  in  additional  "Tenuous"  and  "Useless*' 
conference  paths.  One  interesting  alternative  to  analog-bridge  confer¬ 
encing  is  push-to-talk  (half-duplex)  operation  with  a  "one -to -many" 

(4-w ire)  digital-switching  matrix  as  the  conference  bridge. 

EXTENSIONS  CF  TACTICAL  CIRCUITS 

Let  us  consider  the  extension  of  tactical  circuits  into  other 
regions  of  the  overall  DoD  System.  Recall  the  discussion  of  interoper¬ 
ability  between  systems  in  Chapter  3* 

The  preceding  section  focused  on  the  (U.S.  Army)  land-based, 
tactical  system  (i.e.,  Regions  I,  II,  and  III  of  Figure  °)*  Circuits 
which  exit  Region  I  encoded  as  CVSD-16  may  be  extended  into  Regions  V 
and  VI  without  suffering  additional  tandeming  impairment. 

Assuming  the  availability  of  digital  trunking,  a  CVSD  user  in 
Region  I,  II,  III,  or  IV  ray  establish  a  circuit  of  two  links  with  an 
LPC-2.4  user  in  Region  IV  or  VII.  Thus,  system-wide  interoperability 
of  secure  voice  users  obtains  in  Regions  I  through  VII  if  the  ( 1—3)  cir¬ 
cuit  is  satisfactory.  Test  results  indicate  that  the  (1-3)  circuit 
( CVSD- 15  in  tandem  with  LFC-2.4)  is  acceptable  if  channel  errors  are  net 
excessive.  One  may  speculate  that  such  CVSD-16  links  may  be  extended 
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IV,  Johan.;  ilal::sr  0*1  J' ! .o  /.T'~.y  .yj.'jctroj'iicr  Corjhsnd  initiated 

■uy-- th"  irenrvr-..r.O):i::  ;.cr>-f*o-.v‘oc!  Vj  IV.  Fi.crhor.  In  e 
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report  '1:;  net  available.  TV,  G.®  -•  3 7  dlj  performance  fippeaxs  to 
to  ui'icorc.oalj-  *.fhoit  coit'.ructfd  to  the  ira  xitiui.i  Si®  *=■  25 .5  rlD  re- 
ported*  ”by  Fischer.  Liu  on  r  I  OK  •  t  h'j.  k3/c  delivers  Si.'J?  ■■■•-  jjn  d2  for 
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i?6?)  j..-  2C9.  (kmpanded  PCK  delivers  peak  SNR  performance  inferior 
■  to  that  of  linear  PCM.  Another  source  reports  a  maximum  SHR'»  27.5 
US  for  coirnsanded  FCH-48.  The  measurements  reported  by  Mr.  Fischer 
are  the  lost  available  data  representative  of  the  TD-660  Multi-  - 
,■  pi  Birr:-, 

4.  Fischer,  p.  31. 

5.  Joint  Tactical  Communications  Office  (TRI-TAG  Office),  ’’Annex  ?7  -  ' ; 

Error  Control,  "  Architecture  for  Tactical  Switched  Communications 
Systems,  Report  So,  TT0-ENG-031-75  AN  F?,  Fort  Monmouth,  II. J., 
November  1975*  . 

6.  TRI-TAC  Office,  p,  22, 

7.  13.  D.  Harrac  and  J.  a?.  Eruesse,  Conmmlcatlons  Performance  of  CVSD 
at  16/32  kiloblts/oocond.  Final  Report  -  Phase  II,  U.S.  Army  Elec¬ 
tronics  Command,  Fori  Monmouth,  N.J.,  January  15.  1 97^» 

8.  He  rrr.M ,  p.  A-i  to  A-5» 

9.  II arras,  p.  5*  ' 

10.  Harrac,  p.  2?~32. 

11.  DoD  Narrowband  Digital  Voice  Consortium.  Final  Report.  Coordination 
Draft,  March  19?6* 

12.  The  computation  of  SNR  performance  of  circuits  in  this  chapter  is 

accomplished  without  regard  for  the  order  of  the  tandem  links,  A 

(1-1-4)  circuit  is  considered  equivalent  to  a  (1-4-1)  circuit.  This 
is  true  of  the  computations  because  the  noise  is  considered  uncor- 
related  link-to-linh  in  the  model.  In  practice,  the  ordering  of 


links' doss  influence  performance,  due  .  to  various  nonlinear  e.t*ecvS 
Such  sensitivity  to  the  ordering  of-  liiifcs  is  especially  noticeable 
in  circuits  which  include  one  or  more  vocoder  lidos < 


Chapter  5 
FINDINGS 

In  this  chapter  we  detail  the  conclusions  of  the  research,  offer 
recommendations ,  and  summarize  the  study* 

CONCLUSIONS 

This  section  has  five  subsections .  First,  we  examine  the  U,S.  Army 
System.  The  approach  is  to  interpret  the  SNR  performance  results  of  Chap¬ 
ter  4  to  determine  if  isolated  subscribers  will  exist  in  the  system,  and 
to  draw  conclusions  which  relate  the  occurrence  of  tandem  links  to  the 
reliability  of  voice  performance  and  the  capability  for  data  communications . 

In  the  second  subsection  we  broaden  our  perspective  to  consider  the 
overall  DoD  System.  The  discussion  makes  use  of  the  SNR  performance  re¬ 
sults  of  Chapter  4  to  examine  the  question  of  Interoperability  between 
systems  introduced  in  Chapter  3* 

In  the  third  subsection  we  examine  secure  voice  conferencing.  The 
fourth  and  fifth  subsections  contain  technical  and  tactical  observations 
respectively. 

In  the  sixth  subsection  we  summarize  the  conclusions  of  the  study. 

A  discussion  of  conclusions  is  given}  a  concise  summary  is  stated}  and  the 
detailed  conclusions  are  listed. 
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In  this  subsection  we  interpret  the  performance  results  obtained 
in  Chapter*  4  for  circuits  internal  to  the  U,S.  Army  system, 

Circuits  Internal  to  the  U,S.  Army  system  of  the  1980 's  will  be 
composed  of  tandem  links  of  CVSD-16,  CVSD-32,  and  PCK-48 ,  Let  us  examine 
the  calculated  SNR  performance  results  detailed  in  Chapter  4,  The  SNR 
for  circuits  of  two,  three,  four,  and  five  links  are  given  in  Tables  11, 
13 1  15.  and  16  respectively.  The  numbers  of  circuits  that  fall  into  each 
of  the  four  ranges  on  the  arbitrary  scale  of“  performance  are  listed  in 
Table  17.  The  column  labeled  "Two  Links "  summarizes  the  results  of  Table 
11;  there  are  three  likely  circuits  of  two  links;  "Quality"  performance ^ 
is  delivered  by  (2-4)  and  (4-4)  circuits;  a  (1-4)  circuit  delivers  "Suit¬ 
able"  performance. 

Note  that  the  performance  results  summarized  in  Tables  11,  13,  15* 
16,  and  17  provide  an  estimate  of  performance  due  to  quantizing  impair¬ 
ments  alone.  That  is,  impairments  due  to  channel  errors,  level  offsets, 
acoustic  background  noise,  and  noise  corruption  at  analog  tandem  points 
are  all  ignored.  Thus,  these  results  may  be  considered  to  represent  an 
upper  bound  on  circuit  performance. 

Various  examples  of  circuits  with  channel  errors  and  level  off¬ 
sets  are  given  in  the  discussion  of  Figure  10,  Table  8,  Figure  12,  Tables 
12  and  14,  and  in  the  discussion  at  the  bottom  of  page  94,  We  may  con¬ 
clude  that  channel  errors,  level  offsets,  and  noise  contributions  at 
analog  junctions  are  important  factors  in  circuit  performance.  To  aid 
in  the  discussion,  let  us  assume  that  impairment  due  to  these  (more  or 
less)  unpredictable  effects  will  typically  degrade  the  circuit  SNR  by 
0,5  to  3dB  per  analog  junction  link  included  in  the  circuit,  * 


Performance  One  Two  Three  Pour 

Description  Unit  links  Links  Links 


Quality"  2233 

"Suitable"  112  2 


"Tenuous 


0 


0 


1 


1 


We  note  that  the  circuits  rated  as  "Tenuous**  in  Table  1?  are 
rather  likely  to  become  "Useless"  due  to  additional  impairments •  The 
"Tenuous"  three -link  circuit  is  a  (1-4-1)  path  (#12  In  Table  13)  with 
12.8  dB  SNR,  so  additional  impairment  of  3*8  dB  or  more  renders  the 
circuit  “Useless."  The  "Tenuous"  four-link  circuit  is  a  ( 1-4-4- 1)  path 
(#41  in  Table  15)  with  12.5  dB  SNR,  so  additional  impairment  of  3*5  dB 
or  more  renders  the  circuit  'Useless."  The  "Tenuous "  five-link  circuits 
are  ( 1 -4-2-4- 1)  and  (1-4-4-4-1)  paths  (#55  and  $6  in  Table  16)  of  iden¬ 
tical  12,3  dB  SNR,  so  additional  impairments  of  3*3  dB  or  more  renders 
either  circuit  "Useless." 

Observe  that  the  four  "Tenuous"  circuits  are  all  variations  of 
the  same  catagoryj  that  is,  two  links  of  CVSD-16  interconnected  by  com¬ 
binations  of  CVSD-32  and/or  PCM-48  (i.e. ,  (l-(  )-l)  circuits).  Refer¬ 
ring  to  Table  11  we  note  that  the  "Tenuous"  two-link  circuit  (#1)  is  a 
(1-1)  path  (which  was  judged  to  be  unlikely)  with  13  dB  SNR,  so  addi¬ 
tional  impairment  of  4  dB  or  more  would  render  the  circuit  "Useless." 

The  four  likely  "Tenuous"  circuits  result  in  "isolated"  sub¬ 
scribers  in  the  system.  We  define  a  pair  of  subscribers  as  "isolated" 
if  they  may  only  be  connected  by  a  circuit  which  is  "Tenuous"  in  the 
absence  of  additional  impairments.  Such  a  definition  is  reasonable  be¬ 
cause  the  probability  that  a  "Tenuous"  circuit  will  be  rendered  "Useless 
(due  to  additional  impairments)  is  unacceptably  high.  Another  point,  of 
view  is  that  the  performance  margin  available  on  a  "Tenuous"  circuit  is 
not  sufficient  to  provide  reliable  service  to  the  user*  Still  another 
viewpoint  is  that  even  if  such  a  "Tenuous"  circuit  is  useable,  it  should 
be  avoided  as  a  matter  of  routine.  Let  us  agree  to  apply  the  label 
"isolated"  to  any  pair  of  users  connected  by  a  circuit  that  is  "Tenuous" 


due  to  quantizing  noise  alone, 

A  helpful  interpretation  of  "isolated"  user  pairs  nay  be  gained 
by  thinking  of  the  additional  impairments  as  a  random  process.  The  ad¬ 
ditional  impairment  on  a  particular  circuit  is  a  random  variable  which 
is  a  function  of  all  the  independent  random  phenomena  along  the  signal 
path  that  affect  performance.  3 

The  notion  of  the  random  nature  of  circuit  performance  is  illus¬ 
trated  in  Figure  13.  The  curves  represent  the  probability  density  func¬ 
tion  (p.d.f.)  -f ($-  for  selected  circuits  of  one,  two,  three,  four,  and 
five  links  (parts  (a)  through  (e)  respectively).  Each  p.d.f.  curve  il¬ 
lustrates  the  frequency  of  occurance  of  a  circuit  as  a  function  of 
The  ordinate  represents  probability  of  occurance.  ^  Me  may  think  of 
as  the  density  function  of  a  given  circuit  at  different  times  (  e.g.,  a 
fading  circuit,  or  a  circuit  that  degrades  at  night) t  or,  we  may  think 
offgas  the  density  function  describing  the  various  possible  circuit 
paths  at  a  particular  time. 

The  curves  sketched  in  Figure  13  illustrate  the  concept  of  the* 
variability  of  circuit  performance  due  to  random  impairments,  (The 
shape  and  extent  of  the  curves  represent  the  opinion  of  the  Author* 

These  random  impairments  are  very  difficult  to  quantify,  and  extremely 
difficult  to  measure  in  a  meaningful  way.  The  circled  point  at  the 
right-hand  extreme  of  each  of  the  curves  is  the  upper-bound  SNR  perfor¬ 
mance  which  results  from  quantization  impairment  alone. 

The  one-link  circuit  (of  C'/SD-16)  illustrated  in  Bart  (a)  of 
Figure  13  displays  a  narrow  range  of  variability  (i.e.,  the  p.d.f. 
curve  is  narrow).  This  is  true  because  there  are  no  intermediate  analog 
tandem  links  in  the  circuit  which  may  contribute  analog  impairments. 


L5 


11 


Witts"  I — *— [  "Sui'kUc  r-»- 

*^-j  Ytmums"  4 — |  "QuaU^" 


1*5  X|lus-Hu»4*oif\  <yf  4U«_  Rcol-O^r.^  ffe***^ 
Fa.Hc.4tow  of  \\r*-  SpiR  Pe*4o«w<utc«L  of  7*n<W  link  CmcmJs 


Ihe  variation  in  SNR  performance  is  due  to  the  channel  error  rate.  Such 
a  link  remains  "Suitable"  for  error  rates  as  high  as  1#  (refer  to  Table  8), 
Note  that  such  a  link  may  become  "Tenuous"  or  "Useless"  as  the  error  rate 
increases* 

The  three-link  circuit  of  Kart  (c)  displays  a  wider  range  of  vari¬ 
ability,  The  wider  range  is  descriptive  of  such  a  circuit  because  the 
performance  is  vulnerable  to  additional  impairments  due  to  noise ,  offsets, 
and  nonlinear  effects*  The  area  under  the  p*d,f.  curve  is  unity,  so  the 
fraction  of  the  area  which  lies  to  the  left  of  the  Ijj  =  9  dB  line  is  the 
probability  that  the  circuit  performance  will  be  "Useless."  Ve  note  that 
as  additional  links  are  added  to  the  circuit  the  p.d.f.  curve  becomes 
more  broad,  and  the  probability  of  "Useless"  performance  increases. 

The  discussion  of  the  results  of  Table  17  and  Figure  13  leads  to 
the  following  conclusion < 

Conclusion  #1,  Bairs  of  uaers  which  are  connected  by  a  circuit 
that  includes  two  links  of  CVSD-16  are  potentially  Isolated.  Such 
circuits  should  be  avoided. 

We  note  that  such  circuits  may  be  avoided  if  digital  transmis¬ 
sion  connections  are  provided  between  communities  of  CVSD-16  users.  If 
so,  direct  one-link  circuits  are  possible. 

Selected  examples  of  circuits  with  additional  impairments  were 
considered  in  Chapter  4.  The  discussion  of  Figure  12  demonstrates  that 
user-pairs  in  the  present  ATACS  system  may  be  Isolated  due  to  level  off¬ 
set  impairments.  Links  of  PCM-48  are  vulnerable  to  such  impairment  be¬ 
cause  of  the  twin-peak  SNR  versus  3SL  characteristic  illustrated  in  Fig¬ 
ure  10.  The  performance  of  circuits  of  tandem  links  in  the  transitional 
system  of  the  1980 *s  will  be  affected. 
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Conclusion  #2.  The  SNR  performance  of  U.S.  Army  48  kB/s  PCM  is 
sensitive  to  input  signal  level.  This  fact  is  a  consideration  which 
affects  the  versatility  of  employment  of  PCM-48  in  tandem-link  cir¬ 
cuits  in  the  transitional  system  of  the  1980's. 

the  judgements  in  Chapter  4  of  what  tandem-link  circuits  are 
"likely"  in  the  1980*s  were  based  on  an  optimistic  point  of  view.  That 
is,  an  implicit  assumption  was  made  that  the  interoperability  solutions 
(such  as  the  "Dual-Rate"  method)  will  be  implemented  within  the  U.S*  Army 
system.  If  such  solutions  are  implemented,  then  the  system  design  for 
the  1980's  is  manageable  and  does  not  cause  isolated  user-pairs. 

In  contrast,  suppose  an  analog  mode  of  interface  were  implemented 
to  connect  CNR  subscribers  to  the  switched  network.  The  impact  of  such  a 
choice  is  that  a  circuit  from  a  CNR  user  to  any  other  CVSD-16  user 
(another  CNR,  and  MST  user,  or  a  CVSD  user  in  the  DCS  or  Navy  System) 
would  include  at  least  three  links,  two  of  which  are  CVSD-16.  Thus, 
such  user  pairs  would  be  potentially  isolated.  The  point  is  that  such  a 
system  design  choice  would  guarantee  that  certain  user- pairs  would  be 
isolated.  ^ 

Conclusion  #3.  The  design  for  the  U.S.  Army  tactical  system  of 
the  1980 's  is  workable,  and  incorporates  interoperability  solutions 
which,  if  implemented,  will  avoid  the  occurrence  of  isolated  com¬ 
munities  of  users. 

The  analysis  of  tandem- link  circuit  performance  detailed  in  Chap¬ 
ter  4  is  based  upon  a  simplified  model  which  incorporates  SNR  as  a  mea¬ 
sure.  Such  analysis  is  useful  to  estimate  performance,  but  many  factors 
present  in  an  actual  working  system  are  ignored  in  the  simple  model# 

Thus,  further  testing  is  necessary  to  determine  what  circuits  of  tandem 
links  should  be  permitted  in  the  system  of  the  1980's.  The  results  of 
such  testing  will  be  helpful  in  the  design  of  the  switched  system  routing 
protocal,  and  will  provide  useful  guidelines  for  system  layout. 
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Conclusion  #4.  Further  testing  of  the  performance  of  tandem-link 
circuits  should  he  conducted  to  determine  the  utility  of  connections 
which  include  combinations  of  CVSD-16,  CVSD-32,  FCM-48,  and  analog 
links. 


As  the  transition  progresses  during  the  1980’s »  digital  snitches, 
transmission,  and  user  terminals  are  fielded.  As  time  passes,  an  Increas¬ 
ing  fraction  of  users  are  equipped  with  digital  terminals.  Concurrently,  * 
the  switched  network  becomes  increasingly  capable  of  providing  direct 
(one-link)  circuits  to  connect  digital  users.  Thus,  as  the  transition 
proceeds,  an  increasing  fraction  of  user  pairs  are  capable  of  establish¬ 
ing  a  direct  circuit.  (On  such  a  direct  path,  the  information  signal 
remains  in  digital  form  from  user  to  user.)  Two  observations  follow j 
one  relates  to  circuit  performance,  and  the  other  to  data  communications 
capability. 

From  the  discussion  of  Figure  13  it  follows  that  the  variability 
of  the  performance  of  voice  circuits  is  decreased  as  the  occurrence  of 
tandeming  is  decreased.  That  is,  circuit  reliability  is  enhanced  by  min¬ 
imising  the  occurrence  of  tandeming. 

tfe  note  that  user-pairs  that  may  communicate  on  a  one-link  cir¬ 
cuit  gain  a  direct  digital  path  from  user  to  user.  Thus,  such  user  pairs 
may  pass  data  communications.  This  fact  appears  to  represent  an  impor¬ 
tant  communications  resource.  Early  in  the  transition  period,  users 
that  require  direct  data  communications  must,  be  equipped  with  data  modems, 
(which  convert  the  data  signal  to  "quasi -analog"  form).  The  modem  permits 
a  600  or  1200  B/s  data  path  to  be  established  on  an  analog  circuit.  The 
use  of  PCM-48  and  CVSD  links  on  such  a  path  leads  to  uncertain  perfor¬ 
mance  of  data  modems.  (For  example,  dedicated  circuits  may  be  required 
to  gain  satisfactory  modem  performance.)  In  contrast,  note  that  user 
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pairs  served  by  a  direct  link  may  convey  data  communications  at  1 6  or 
32  kB/s  and  no  data  modem  is  required.  The  contrast  in  capability  is 
striking.  One  page  of  facsimile  data,  for  example,  would  be  conveyed 
2?  times  more  quickly  on  a  16  kB/s  link  than  on  a  600  B/s  circuit.  In 
addition,  we  note  that  the  growth  in  data  communications  capability  oc¬ 
curs  without  additional  cost*  The  capability  is  Inherent  in  the  service 
which  the  system  provides  to  digital  users. 


Conclusion  #*>.  The  transition  of  the  1980* s  should  be  planned 
and  implemented  to  minimize  the  occurrence  of  tandeming.  Such  an 
approach  accomplishes  two  positive  results.  First,  the  variability 
of  voice  performance  is  reduced,  so  the  reliability  of  user  service 
is  enhanced.  Second,  to  maximize  the  fraction  of  user-pairs  that 
may  communicate  on  a  direct  link  results  in  a  significant  increase 
in  data  communications  capability. 


The  DoD  System 

Let  us  broaden  our  perspective  to  consider  the  overall  DoD  sys¬ 
tem.  The  discussion  of  “interoperability  between  systems"  which  begins 
on  page  66  includes  a  global  point  of  view  in  which  the  overall  system 
is  considered  to  be  the  union  of  various  regions  (see  Figure  9) ,  Each 
backbone  and  access  region  of  the  system  represents  that  transmission 
and  switching  network  and  community  of  users  that  are  equipped  with  the 
"next-generation”  of  hardware.  Thus,  each  backbone  region  is  a  homoge¬ 
neous  digital  network  that  provides  direct  one-link  circuits  to  backbone 
subscribers.  As  the  transition  proceeds  in  the  I980*s,  an  increasing 
fraction  of  the  total  system  is  converted  to  the  configuration  of  Figure 
9. 

The  "Dual-Rate"  method  of  interoperability  is  now  being  planned 
and  implemented  to  operate  at  each  of  the  system  boundaries  joining  16 
kB/s  and  32  kB/s  regions.  The  method  permits  circuits  which  originate  in, 
traverse  across,  or  terminate  in  a  16  kB/s  region  to  be  established  as 
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direct  (one-link)  circuits  (at  16  kB/s).  If  such  a  method  of  interoper-  . 
ability  is  implemented  then  all  CVSD  subscribers  of  Regions  I,  II»  HI» 

V,  and  VI  may  communicate  on  a  one-link  circuit.  Thus,  voice  performance 
is  reliable,  and  direct  data  communications  Is  possible* 

Conclusion  #6*  The  system  designs  of  the  various  regions  of  the 
overall  DoD  system  are  converging  toward  a  common  target.  The  tar¬ 
get  system  is  a  16  kB/s  digital  transmission  and  switching  network 
which  provides  one-link  circuits  between  CVSD  subscribers.  Such  a 
system  contains  no  isolated  subscribers*  Voice  performance  is  reli¬ 
able  and  direct  data  communications  is  possible* 

Some  secure  voice  subscribers  of  the  DoD  system  may  not  obtain  16 
kB/s  access,  but  must  access  the  system  over  a  narrowband  analog  channel. 
The  channel  rate  on  such  channels  is  limited  to  5  KB/s  or  less.  Thus,  a 
need  exists  to  extend  secure  voice  seryice  to  narrowband  users. 

A  research  and  testing  effort  coordinated  by  the  DoD  Narrowband 
Digital  Voice  Consortium  is  focused  on  selecting  a  single  narrowband  dig¬ 
ital  voice  terminal  for  use  throughout  the  DoD  system  for  those  users 
who  require  narrowband  service*  The  candidate  terminals  include  channel 
vocoders,  and  LPC  vocoders  (among  others).  (We  have  adopted  the  label 
"LPC-2.4"  to  identify  the  narrowband  terminal  which  will  be  selected.) 

The  test  results  indicate  that  the  two-link  circuit  composed  of  one  link 
of  LPC-2.4  and  one  link  of  CVSD-16  is  acceptable  if  channel  errors  are 
not  excessive. 

To  facilitate  the  discussion,  let  us  assume  that  one  link  of 
LPC-2.4  degrades  circuit  performance  in  approximately  the  same  measure 
as  one  link  of  CVSD-16.  Thus,  one  link  of  LPC-2.4  is  “Suitable."  A 
two- link  circuit  of  CVSD-16  and  LPC-2.4  delivers  performance  which  falls 
approximately  at  the  "Tenuous/Suitable"  boundary.  Such  a  two-link  cir¬ 
cuit  is  useable,  but  has  little  margin  to  suffer  additional  impairments. 
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We  conclude  that  LPC-2,4  and  CVSD-16  users  axe  not  isolated  from  one 
another  if  a  two-link  circuit  can  be  established  (and  if  additional 
impairments  are  suitably  small)* 

Conclusion  #7.  A  viable  architecture  for  DoD  secure  voice  may 
be  based  on  a  16  KB/s  backbone  system  which  provides  direct-link 
circuits  between  CVSD  subscribers  and  which  provides  narrowband  ac¬ 
cess  by  LPC  vocoder  users.  In  such  a  system,  circuits  between  sim¬ 
ilar  subscribers  (CVSD  or  LPC)  are  of  one  link,  whereas  circuits 
between  dissimilar  subscribers  are  two-link  ones.  Further  testing 
should  be  accomplished  to  verify  that  the  LPC  vocoder  to  be  fielded 
may  operate  successfully  in  tandem  with  CVSD-16. 

We  may  describe  such  a  system  as  a  uniform  16  kB/s  digital  sys¬ 
tem  with  narrowband  (LPC)  access.  Such  a  system  displays  inherent  in¬ 
tegrity  because  any  secure  voice  user  may  communicate  with  any  other 
user. 


Conferencing 

Conferencing  is  a  user  service  that  permits  three  or  more  sub¬ 
scribers  to  join  in  the  same  voice  conversation.  To  provide  such  ser¬ 
vice  the  various  circuit  paths  must  be  Interconnected  at  one  or  more 
"bridge"  junctions.  The  traditional  method  of  conferencing  is  an  "ana¬ 
log  bridge."  Such  a  bridge  interconnects  all  conference  circuits  at  a 
common  point  (on  a  two-wire  analog  basis). 

The  design  of  the  TTC-39  switch  incorporates  an  analog  bridge 
for  conferencing.  7  Such  an  approach  adds  one  additional  link  to  each 
conference  circuit  path.  The  analog  bridge  approach  will  permit  satis¬ 
factory  conference  service  among  the  CVSD- 32  subscribers  of  the  multi¬ 
channel  system.  In  addition,  one  CVSD-16  subscriber  may  be  included  in 
such  a  conference.  But  notice  that  if  two  or  more  CVSD-16  subscribers 
are  included,  then  the  interconnecting  path  is  a  circuit  (of  two  or  more 
links,  two  of  which  axe  CVSD-16)  that  is  "Tenuous,"  and  potentially  not 


useful.  Further,  if  both  CVSD-16  and  LPC-2,4  users  are  included  in  a 
conference  connection,  then  paths  occur  which  include  two  or  three  links 
of  LPC-2,4  and  CVSD-16  (“Tenuous"  or  "Useless"  paths). 


Conclusion  #8.  A  method  of  secure  voice  conferencing  should  be 
adopted  which  does  not  add  an  additional  link  in  the  circuit  path. 
One  such  method  is  a  push-to-talk  (half-duplex  with  interrupt  capa¬ 
bility)  approach  with  a  four-wire  "one-to-many"  digital  switching 
matrix  as  the  conferencing  bridge,  ® 


Technical  Observations 

The  results  of  Chapter  4  demonstrate  that  the  irregular  SNR  ver¬ 
sus  ISL  characteristic  of  FCM-48  is  a  factor  which  affects  the  perfor¬ 
mance  of  tandem-link  circuits,  CVSD  includes  adaptive  slope  companding, 
a  technique  which  leads  to  a  SNR  versus  ISL  characteristic  which  is 
roughly  "flat"  over  a  range  of  ISL,  But,  how  wide  a  range?  The  range 
is  determined  by  the  choice  of  the  slope  companding  ratio  (a  design 
choice).  The  current  design  incorporates  a  ratio  of  12  to  20.  The  use 
of  a  voice-actuated  gain  adjustment  device  (VOGAD)  may  further  extend 
the  dynamic  range. 

The  point  of  this  discussion  is  that  the  SNR  versus  ISL  perfor¬ 
mance  of  CVSD  is  a  key  determinant  in  the  performance  of  tandem- link  cir¬ 
cuits.  The  design  of  the  CVSD  implementations  to  be  fielded  in  various 
equipments  (e.g,,  the  CNR,  the  DSVT,  and  the  IMU  of  the  TTC-39)  may 
include  differences  of  use  of  VOGAD,  slope  companding  ratio,  optimum 
ISL,  and  filtering.  Such  differences  may  affect  both  end-to-end  per¬ 
formance  between  non-identical  terminals  and  the  performance  of  tandem 
link  circuits.  Improving  the  companding  design  may  permit  improved  per¬ 
formance  in  circuits  which  include  links  of  1PC  and  CVSD. 

CVSD  design  improvements  might  be  incorporated  in  the  initial 
production  version  of  some  equipments,  and  retrofitted  in  others.  Im- 
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^  algorithms  that  ■  sot  aompatiUs  Kith  CVSD  should  to 

avoided  t  othoruise  an  avoidable  "tand.^  lolmtey„  ^  ^ 

The  variable  channel  rate 

strategy  summarized  on  page  64  is  a 

terminal-oriented  approach  in  vhich  all  seoure  voice  users  „uld  be  e,uip- 
ped  Kith  a  terminal  capable  of  various  channel  rates  (e.g.,  fro.  600  B/s 
to  16  kB/s)  .  The  idea  is  that  the  terminal  could  adapt  to  a  mode  of 
operation  at  a  bit  rate  that  may  be  accomplished  on  a  particular  circuit 
path.  In  stressed  transmission  or  network  conditions  the  terminal  could 
select  a  low  rate  (600  or  1200  B/s).  *  unstressed  conditions  the  higher 
rate  would  provide  improved  quality.  Such  users  could  operate  on  an  end- 
to-end  digital  basis  ( i.e. ,  on  a  one-link  circuit). 


There  are  several  uncertainties-  and  apparent  disadvantages  to  the 
variable  channel  rate  proposal.  First,  the  complexity  of  such  a  terminal 
is  greater  than  that  of  IPG,  It  seems  unlikely  that  such  a  terminal  may 
be  produced  in  the  early  1980's  which  will  meet  the  difficult  size,  weight, 
and  power  constraints  of  the  manpack,  tactical  user.  (Terminal  cost  is 
a  related  issue.)  Second,  the  approach  has  implications  that  reach  far 
beyond  the  terminal  design.  Adaptive  channel  rate  features  would  be  re¬ 
quired  in  all  the  transmission,  switching  and  system  control  hardware  to 
be  fielded.  These  fundamental  system  design  implications  may  not  be  in¬ 
corporated  in  the  TRI-TAC  hardware  now  in  development  unless  a  significant 
delay  is  imposed. 

On  the  other  hand,  the  central  idea  of  the  variable  rate  strategy 
might  be  incorporated  into  the  narrowband  terminals  to  permit  operation 
at  several  rates  (e.g.,  1200,  2400,  and  4800  B/s),  depending  on  the  avail¬ 
able  channel  rate.  The  signal  format  could  be  constructed  in  a  very  sim- 
Pie  vay,  so  that  the  2400  B/s  signal  is  s  subset  of  the  4800  B/s  one.  etc. 
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Thus,  improved  performance  might  be  gained  on  some  circuits,  including 
tandem  links  with  CVSD-16. 


Tactical  Observations 

The  tactics,  doctrine,  and  organization  of  the  U.S,  Army  are 
evolving  toward  increased  centralization  of  resource  control.  This 
trend  generates  new  requirements  for  responsive,  flexible  teleprocessing 
and  telecommunications. 

The  new  tactics”  depends  upon  an  integrated  intelligence  system 
to  permit  the  commander  to  "read  the  battle"  quickly,  and  upon  a  respon¬ 
sive  command  and  control  system  to  permit  rapid  concentration  of  forces 
at  the  decisive  region  of  the  battlefield.  The  doctrine  to  guide  the 
joint  coordination  of  combined  arias  to  implement  the  "new  tactics"  Is 
incomplete.  But  it  is  clear  that  responsive  telecommunications  is  one 
necessary  component  of  the  evolving  doctrine. 

The  Echelons  Above  Division  (EAD)  organizational  structure  Imposes 
increased  reliance  on  responsive  long-haul  telecommunications.  Similarly, 
recent  structure  changes  of  logistics  organisations  (e.g. ,  the  Direct 
Supply  System  which  emphasizes  "throughput  distribution")  cause  increased 
reliance  on  telecommunications. 

The  trend  is  clear.  Responsive  telecommunications  needs  may  in¬ 
crease  steadily  over  the  next  two  decades.  Secure  voice  and  data  communi¬ 
cations  resources  are  the  key  user  capabilities  needed  to  satisfy  the  po¬ 
tential  new  requirements. 

The  growth  in  digital  communication  needs  (both  secure  voice  and 
data)  is  related  directly  to  the  limitations  of  tandeming  in  the  transi¬ 
tional  communications  system  of  the  l980*s« 


The  uniform  digital  structure  for  secure  voice  provides  direct 
(one-link)  circuits  between  user  pairs*  Thus,  the  reliability  of  secure 
voice  service  is  improved,  and  an  additional  data  communications  capabil¬ 
ity  is  available. 

Notice  that  the  uniform  structure  is  not  sensitive  to  detailed 
knowledge  of  the  needline  requirements*  As  new  needlines  are  created, 
the  system  may  satisfy  the  new  requirements  without  a  change  in  structure. 
The  allocation  of  transmission  link  capacity  may  be  adjusted  periodically 
to  match  the  , actual  traffic  patterns. 

The  insensitivity  to  needlines  is  a  dimension  of  flexibility  of 
operational  capability  that  appears  to  be  very  important  in  future  combat 
operations.  Our  ability  to  define  the  needlines  required  in  the  1980's 
and  1990's  is  modest.  New  weapons  systems,  tactics,  doctrine,  and  organi¬ 
zational  structures  are  certain  to  appear  in  the  next  two  decades.  We  may 
only  speculate  today  about  what  telecommunications  needlines  will  become 
requirements  in  the  I980*s  and  i990's. 

Acknowledging  the  ability  of  the  uniform  system  to  satisfy  new 
needlines  in  a  responsive  manner,  we  observe  that  one  figure  of  merit 
which  describes  the  utility  of  the  transitional  communications  system  Is 
the  number  of  user-pairs  that  may  accomplish  one-link  circuits. 

Conclusion  #9.  The  capacity  of-  the  transitional  system  of  the 
1980's  to  satisfy  new  needlines  will  be  enhanced  by  maximizing  the 
number  of  user  pairs  that  may  communicate  on  circuits  of  one  link. 
(Notice  that  this  conclusion  is  a  restatement  of  conclusions  #5 
and  6.) 

The  interoperability  solutions  now  in  planning  provide  transparent 
interoperability  at  the  various  system  boundaries  in  the  overall  DoD  sys¬ 
tem,  Such  Interoperability  permits  direct  one-link  circuits  to  traverse 
the  boundaries.  Thus,  the  occurrence  of  isolated  user  communities  is 


avoided.  Cost  and  schedule  trade-offs  nay  be  proposed  which  would  imple- 
nent  a  system  configuration  which  does  not  incorporate  the  interoperability 
solution  at  one  or  more  of  the  system  boundaries*  Such  a  decision  would 
result  in  isolated  communities  of  users  and  in  decreased  flexibility  to 
satisfy  new  needlines. 

Conclusion  #10*  Any  system  proposal  that  would  not  permit  one-link 
circuits  to  traverse  a  system  boundary  should  be  carefully  considered 
in  terms  of  the  communities  of  isolated  users  and  the  decreased  ability 
to  satisfy  new  needlines  that  would  result. 

Notice  that  the  interoperability  solutions  are  not  merely  techni¬ 
cal  details  that  should  be  resolved  by  engineers*  Rather,  the  solutions 

implemented  will  directly  determine  the  capability  of  the  communications 

* 

system  to  support  combat  operations. 

Summary 

In  this  subsection  we  present  a  two- page  discussion  of  conclusions, 
a  concise  summary  of  conclusions,  and  a  listing  of  the  detailed  conclusions 
of  the  study. 

Discussion.  The  performance  of  circuits  in  the  DoD  telecommunica¬ 
tions  system  of  the  1980’s  is  dominated  by  the  influence  of  tandem  links  of 
digital  voice*  Both  clear  voice  and  secure  voice  performance  is  dependent 
on  the  nature  of  tandem  links  arranged  in  series  to  interconnect  subscribers. 
The  various  links  that  may  be  traversed  in  the  hybrid  transitional  system 
include  analog  links  and  digital  links  of  PCM- 64,  PCM-48,  CVSD-32,  CVSD-16, 
and  LPC-2.4. 

Both  CVSD-16  and  LPC-2.4  deliver  performance  that  allows  little 
margin  for  additional  impairments,  so  that  such  links  offer  little  versa¬ 
tility  in  tandem  connections.  PCM-48  and  CVSD-32  performance  provides  ad¬ 
ditional  versatility  in  circuits  of  tandem  links. 


In  general,  circuit  performance  is  inversely  related  to  the  number 
of  tandem  links  connected  in  series*  Thus,  to  minimize  the  occurrence  of 
tanderaing  in  the  transitional  system  will  maximize  the  performance  of 
voice  circuits* 

The  system  transition  plans  of  the  Services  and  DoD  Agencies  sure 
converging  toward  a  digital  objective  system  that  will  provide  direct 
digital  16  kB/s  links  between  subscribers*  .  Such  direct  links  avoid  tan- 
deming  impairment  and  provide  secure  voice  users  the  ability  to  pass  data 
communications*  Because  the  backbone  system  may  be  traversed  without  tan- 
deming,  the  extension  of  secure  voice  circuits  into  the  narrowband  access 
regions  of  the  DCS  and  the  U*  S.  Wavy  may  be  accomplished  on  a  two-link 
connection.  If  the  two-link  circuit  of  CVSD-16  and  LPC-2.4  is  satisfac¬ 
tory,  then  narrowband  access  subscribers  may  communicate  with  all  CVSD-16 
users  served  by  the  backbone  system.  Further,  if  "through-trunking"  capa¬ 
bility  to  convey  2*4  KB/s  signals  is  provided  by  the  backbone  system,  then 
l»I,C-2.4  access  users  could  all  be  interconnected  on  a  direct  link*  In 
such  an  objective  system,  satisfactory  secure  voice  circuits  may  be  estab¬ 
lished  between  every  pair  of  users.  For  these  reasons,  the  1973  policy 
focus  on  16  kB/s  secure  voice  may  result  in  DoD-wide  Interoperability 
in  the  future  system. 

The  system  plans  of  the  U.  S*  Army,  TRI-TAC,  and  the  DCS  incorpo¬ 
rate  the  Dual-Hate  method  of  interoperability  at  various  system  boundaries. 
The  method  is  a  workable  one  that  permits  direct  digital  connections  to 
traverse  the  boundaries  joining  the  (16  kB/s)  MSA  subsystem,  the  INTACS 
(32  kB/s)  multichannel  system  of  TRI-TAC  assets,  the  (16  kB/s)  U.  S.  Wavy 
system,  and  the  (16  kB/s)  AUTOSEVOCOM  of  the  DCS. 

The  U.  S.  Army  system  during  the  transition  is  a  hybrid  one  in- 


volving  tandem  links  of  PCM-48,  CVSD-32,  and  CVSD-16.  Pairs  of  subscribers 
in  the  system  will  be  isolated  if  an  excessive  number  of  tandem  links  is 
required  to  establish  a  connecting  circuit.  The  planning  of  the  system 
configuration  during  the  transition  should  incorporate  the  goal  that  tan- 
deming  be  minimized. 

The  performance  of  PGM-48  is  sensitive  to  IS1,  This  fact  is  a 
consideration  which  affects  the  versatility  of  employment  of  FCM-48  in 
tandem-link  circuits.  Further  testing  is  necessary  to  establish  what 
combinations  of  CVSD-16,  CVSD-32,  and  FCM-48  will  deliver  satisfactory 
tandem- link  performance. 

Concise  Summary  of  Conclusions.  Some  isolated  user  pairs  will 
exist  in  the  hybrid  transitional  system  of  the  1980* s.  The  occurrence  of 
isolated  user  pairs  may  be  minimized  by  providing  digital  transmission 
paths  to  directly  interconnect  communities  of  16  kB/s  CVSD  subscribers. 

The  system  designs  for  the  U,  S,  Army  System  and  the  overall  DoD 
System  include  workable  interoperability  solutions.  By  managing  the  tran¬ 
sition  in  an  enlightened  manner,  the  reliabiality  of  secure  voice  communi¬ 
cations  may  be  enhanced  and  the  operational  capability  to  satisfy  new  data 
communications  needlines  may  be  increased. 

Detailed  Conclusions.  The  detailed  conclusions  of  the  research 

follow  t 

1.  Pairs  of  users  which  axe  connected  by  a  circuit  that  includes 
two  links  of  CVSD-16  are  potentially  Isolated.  Such  circuits  should  be 
avoided. 

2.  The  SNR  performance  of  U.  S.  Army  48  kB/s  PCM  is  sensitive  to 
input  signal  level.  This  fact  is  a  consideration  which  affects  the  versa¬ 
tility  of  employment  of  FCM-48  in  tandem-link  circuits  in  the  transitional 


system  of  the  1980's. 

3*  The  design  for  the  U«  S,  Army  tactical  system  of  the  I980*s 
is  workable,  and  incorporates  interoperability  solutions  which,  if  imple¬ 
mented,  will  avoid  the  occurrence  of  isolated  communities  of  users, 

4,  Further  testing  of  the  performance  of  tandem- link  circuits 
should  be  conducted  to  determine  the  utility  of  connections  which  include 
combinations  of  CVSD-16,  CYSD-32,  FCM-48,  and  analog  links. 

5,  The  transition  of  the  l9&0's  should  be  planned  and  imple¬ 
mented  to  minimize  the  occurrence  of  tandeming.  Such  an  approach  accom¬ 
plishes  two  positive  results.  First,  the  variability  of  voice  performance 
is  reduced,  so  the  reliability  of  user  service  is  enhanced.  Second,  to 
maximize  the  fraction  of  user-pairs  that  may  communicate  on  a  direct  link 
results  in  a  significant  increase  in  data  communications  capability. 

6,  The  system  designs  of  the  various  regions  of  the  overall  DoD 
system  are  converging  toward  a  common  target.  The  target  system  is  a 

16  kB/s  digital  transmission  and  switching  network  which  provides  one-link 
circuits  between  CVSD  subscribers.  Such  a  system  contains  no  isolated 
subscribers.  Voice  performance  is  reliable  and  direct  data  communications 
Is  possible. 

?.  A  viable  architecture  for  DoD  secure  voice  may  be  based  on  a 
16  kB/s  backbone  system  which  provides  direct-link  circuits  between  CVSD 
subscribers  and  which  provides  narrowband  access  by  LPC  vocoder  users.  In 
such  a  system,  circuits  between  similar  subscribers  (CVSD  or  LPC)  are  of 
one  link,  whereas  circuits  between  dissimilar  subscribers  are  two-link 
ones.  Further  testing  should  be  accomplished  to  verify  that  the  LPC 
vocoder  to  be  fielded  may  operate  successfully  in  tandem  with  CVSD-16, 

8.  A  method  of  secure  voice  conferencing  should  be  adopted  which 
does  not  add  an  additional  link  in  the  circuit  path.  One  such  method  is 
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a  push-to~talk  (half-duplex  with  interrupt  capability)  approach  with  a 
four-wire  *‘one-to~niany"  digital  switching  matrix  as  the  conferencing 
"bridge. 

9.  The  capacity  of  the  transitional  system  of  the  1980's  to 
satisfy  new  needlines  will  be  enhanced  by  maximizing  the  number  of  user 
pairs  that  may  communicate  on  circuits  of  one  link. 

10.  Any  system  proposal  that  would  not  permit  one-link  circuits 
to  traverse  a  system  boundary  should  be  carefully  considered  in  terms  of 
the  communities  of  isolated  users  and  the  decreased  ability  to  satisfy 
new  needlines  that  would  result, 

RE  G  OMMENDAT  IONS 

The  following  concise  recommendations  are  offered  t 

(1)  The  occurrence  of  tandeming  of  voice  links  should  be  mini¬ 
mized  in  the  transitional  system  of  the  1980's. 

(2)  Further  testing  should  be  accomplished  to  verify  what  tandem 
connections  of  PCM-48 ,  CVSD-32,  CVSD-16,  and  LFC-2.4  deliver  satisfactory 
performance  • 

(3)  Further  testing  should  be  accomplished  to  verify  that  the 
narrowband  digital  voice  technique  selected  for  use  in  DoD  (e.g. ,  an  LPC 
vocoder)  may  operate  successfully  in  tandem  with  CVSD-16. 

(4)  A  method  of  secure  voice  conferencing  should  be  adopted  that 
does  not  add  an  additional  link  in  the  circuit  path. 

(5)  An  objective  system  architecture  for  secure  voice  in  the  DoD 
system  should  be  adopted  that  is  based  upon  a  uniform  16  fcB/s  backbone 
network  which  provides  direct  one-link  circuits  to  CVSD  users  and  provides 
access  to  narrowband  users. 
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SUMMARY 


The  research  reported  in  this  thesis  examines  son®  of  the  issues 
involved  in  the  transition  of  UoD  communications  systems  to  digital  oper¬ 
ation,  The  focus  of  the  study  is  the  performance  of  digital  voice  links 
in  series  connections* 

The  transitional  system  of  the  1980's  will  be  a  hybrid  network  in 
which  circuits  will  be  composed  of  a  variety  of  analog  trunks  and  a  mix¬ 
ture  of  digital  links  which  employ  PCM-64,  PCM-48,  CVSD-32,  CVSD-16,  and 
LPC,  Both  CVSD-16  and  LPC  links  provide  little  performance  margin  for 
additional  impairments  due  to  tandeming  and  noise*  Thus,  the  system  con¬ 
figuration  must  minimize  the  occurrence  of  tandem  links* 

Isolated  pairs  of  subscribers  will  exist  in  the  transitional  sys¬ 
tem  if  an  excessive  number  of  tandem  links  is  necessary  to  establish  con¬ 
necting  circuits.  The  design  now  in  planning  for  the  U.  S.  Army  System 
and  for  the  overall  DoD  System  is  a  coherent  one  which  may  avoid  the  occur¬ 
rence  of  isolated  user  pairs.  The  overall  system  is  converging  toward  a 
uniform  16  kB/s  digital  network  which  provides  one-link  circuits  between 
GVSD  subscribers.  Such  a  uniform  system  offers  reliable  voice  perfor¬ 
mance  and  direct  data  communications  capability* 

To  minimize  the  occurrence  of  tandeming  of  voice  links  in  the 
transitional  system  will  maximise  the  reliability  of  secure  voice  perfor¬ 


mance. 


CHAPTER  END  NOTES 


1.  These  impairments  are  unpredictable  to  the  extent  that  they 
may  not  be  controlled  by  the  communication  system  manager*  Por  example, 
an  analog  junction  link  (at  a  "crossover11  tandem  point)  that  occurs  with¬ 
in  the  TTC-39  switch  is  "well  controlled'1  and  should  add  *5  dB  or  less 
impairment  to  the  circuit*  At  the  other  extreme,  a  wireline  analog  link 
in  the  series  path  may  contribute  3  dB  or  more  additional  impairment  due 
to  level  offset  and  noise.  If  the  wireline  trunk  may  be  selected  to  com¬ 
plete  the  circuit  path,  then  the  impairment  is  beyond  management* 

2,  Several  issues  of  user  acceptance  of  the  communications  ser¬ 
vice  relate  to  this  discussion.  One  may  speculate  that  circuits  of  13  dB 
SNR  may  gain  user  acceptance  if  such  performance  is  reliable.  In  criti¬ 
cal  situations  any  useable  circuit  (however  tenuous)  may  be  a  welcome 
resource . 

3,  These  phenomena  are  physically  distributed  and  are  beyond 
orderly  management.  The  phenomena  include  all  sources  of  noise  (thermal, 
atmospheric,  radio  frequency  interference  (RFI),  intermodulation,  jamming, 
power  system  hum,  etc*),  attenuation,  and  nonlinear  effects  on  analog 
links.  Digital  link  performance  is  a  function  of  the  error  rate  (and 
the  distribution  in  time  of  the  errors)  — which  is  itself  a  function  of 
noise,  attenuation,  and  nonlinear  effects. 

4.  Por  a  discussion  of  the  p*d.f*,  see  George  R.  Cooper  and 
Claire  D,  McGillem,  Methods  of  Signal  and  System  Analysis  (New  Yorkt 
Holt,  Rinehart,  and  Vinston,  Inc,,  196?),  p,  283*  The  area  under  the 
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curve  is  unity,  i..„  f  ~  f)  ft)  J ^  =  1  . 

The  probability  that  a  circuit  delivers  SNR  performance  of  at  least  ^  dB 


is  given  by 


Thus,  the  fraction  of  the  area  under  the  curve  to  the  right  of  the 
<£  *  13  dB  line  is  the  probability  that  the  circuit  is  “Suitable”  or  bet¬ 
ter.  (Similarly  the  fraction  of  the  area  to  the  left  of  £  «  13  dB  is 
the  probability  that  the  circuit  is  "Tenuous"  or  worse.) 


5.  An  extensive  program  is  undertaken  periodically  in  the  Bell 
System  to  measure  the  statistics  of  various  circuit  impairments.  Such 
data  is  useful  in  estimating  the  relative  performance  of  telephone  ser¬ 
vice. 

6.  In  a  personal  communication  on  May  18,  19? 6,  Mr.  Loren 
Dledrichson  of  the  TRI-TAC  Office  confirmed  that  engineering  implementa¬ 
tion  is  in  progress  to  accomplish  the  “Dual-Bate”  method  of  interoper¬ 
ability  between  the  tactical  multichannel  system  (Hegion  I  of  Figure  9) 
and  the  MSA  subsystem  (Region  II),  the  U.  S.  Navy  16  kB/s  subsystem 
(Region  V),  and  the  DCS  (Region  VI).  Further,  a  digital  mode  of  inter¬ 
face  for  CNR  users  (Region  III)  is  recommended  in  the  "External  Interface" 
planning  document  now  being  distributed  by  the  TRI-TAC  Office. 

7.  In  a  personal  communication  on  May  18,  19?6  Mr.  Richard  J. 
Linhart  of  the  Switching  Branch,  Equipment  Division,  Engineering  Director¬ 
ate  of  the  TRI-TAC  Office  confirmed  that  an  analog  bridge  is  the  current 
design  choice  for  the  TTC-39  switch. 


8.  Issues  of  cryptosynchronization  associated  with  this  approach 
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are  beyond  the  scope  of  the  discussion# 


APPENDIX 


Table  1 

TRI-TAC  Developments,  Switching  Subsystems 


13? 


1.  AN/TTC-39 

This  development  is  the  heart  of  the  Phase  I  architecture*  It  is 
expected  to  use  its  hybrid  nature  and  universality  to  bridge  the 
gap  between  the  predominant  analog  inventory  equipment  and  the  dig¬ 
ital  devices  now  entering  the  inventory*  It  is  full  automatic, 
under  stored  program  processor  control.  The  circuit  switch  is  raodu- 
larly  expandable  from  300  to  2400  external  lines.  The  message  switch 
has  a  25  and  50  line  configuration.  The  switches  have  the  capabil¬ 
ity  for  100  percent  security  on  digital  loops  and  trunks. 


2.  COMSEC  Module  for  AN/TTC-19 

The  COMSEC  Module  for  the  AN/TTC-39  will  use  electronic  key  distri¬ 
bution,  to  attempt  to  eliminate  the  high  logistics  costs  of  hard 
copy  keying  material.  It  will  incorporate  ISI  techniques  to  pro¬ 
vide  reliable  low  powered  security  for  digital  loops  and  trunks  tor 
voice,  data  and  other  record  communications.  It  consists  of  Common 
Equipment  Facility  racks  with  associated  equipment,  Trunk  Encryption 
Devices  (TED),  Loop  Key  Generators  (iKG's)  and  AKDC.  For  the  Static 
Subscriber  Subsystem  Loop  Group  C0HSEC  a  need  exists  to  modify  a  TED 
to  permit  "stand  alone"  operation.  Ibis  effort  is  carried  separately 
as  a  Phase  I  Improvement  program. 


Table  2 

TRI-TAC  Developments,  Static  Suecriber  Access  Subsystem 


1,  Man  pack  Unit  Level  Circuit  Switch 

The  switch  will  be  designed  to  provide  local  service  and  se¬ 
cure  voice  service  for  subscribers  who  are  physically  located 
in  areas  served  by  current  analog  switching  facilities.’  It 
will  be  an  all-digital  i5-line/7  trunk  portable  circuit  switch 
designed  to  interoperate  with  the  other  digital  unit  level  cir¬ 
cuit  switches  and  the  AN/TTC-39. 


2.  AN/TTC-42  Unit  bevel  Circuit  Switches 

The  objective  of  this  program  is  to  develop  75  expandable  to 
150  line  transportable  circuit  switch  designed  to ‘interoperate 
with  the  other  unit  level  circuit  switches,  the  AN/TTC-39  and 
the  analog  circuit  switches  which  are  in  the  current  inventory. 


3*  COMSEC  Module  for  AN/TTC-42 

The  COMSEC  Module  for  AN/TTC-42  must  be  operationally  compat¬ 
ible  with  the  TEN1JSY  equipment,.  Interfacing  of  inventory  COMSEC 
would  be  done  at  the  AN/TTC-39  or  CNCE  and  not  burden  the  ULS, 

It  will  provide  the  encryption  and  key  distribution  facilities 
needed  to  secure  the  digital  loops  and  trunks  terminated  at  the 
AN/TTC-42.  The  R&D  effort  will  result  in  modification  to  the 
DSVT  and  in  a  COMSEC  version  usable  for  the  30 -line  UIS  of  latter 
phases , 


Unit  Level  Store -and -Forward  Modules 

The  modules  should  be  able  to  be  accessed  on  &  switched  circuit, 
digital  loop  basis  via  either  a  unit  level  digital  circuit  switch 
or  an  AN/TTC-39  to  provide  message  switched  service  at  the  unit 
level.  It  should  provide  capability  for  sizes  of  12  and  2k  lines. 


5*  Digital  Subscriber  Voice  Terminal  (DSVT^ 

This  development  will  provide  a  digital  telephone  which  will 


Table  7.  (Continued) 
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interoperate  with  the  digital  side  of  the  AN/TTC-39*  It  pro¬ 
vides  the  capability  to  terminate  a  data  adapter  to  serve  non¬ 
voice  terminal  equipment  and  includes  integrated  encryption 
equipment  used  to  encrypt  both  signaling  and  traffic  information. 
Traffic  information  is  encrypted  on  an  end-to-end  basis  with  the 
key  variable  changed  on  a  call-by-call  basis.  Provision  will  be 
made  to  provide  capability  for  use  of  a  DSVT  on  an  extension  tele¬ 
phone  basis. 


6.  Modification  of  DSVT 

The  modified  DVST  will  permit  it  to  be  used  with  the  digital  unit 
level  switches  and  the  mobile  subscriber  access  terminal  facilities. 
It  will  include  provisions  for  operation  in  a  net  variable,  oper¬ 
ation  in  a  16  kbps  push-to-talk  mode,  clear  text  ring  signal  and 
a  clear  text  traffic  mode.  It  will  reduce  the  amount  of  COMSEC 
equipment  which  must  be  deployed  with  the  digital  level  switches 
as  well  as  implement  the  16  kbps  half -duplex  mobile  subscriber 
access  subsystem. 


7*  Digital  Non-Secure  Voice  Terminal  (DNVT) 

The  DNVT  is  to  be  a  telephone  instrument  optimized  for  non-secure 
voice  operation.  It  will  interface  directly  with  the  TDMX  of  the 
AN/TTC-39,  the  Digital  Unit  Level  Switches  and  indirectly  with  the 
DSVT  via  those  switches*  It  will  be  provided  with  minimum  essen¬ 
tial  service  features  to  result  in  a  low  unit  cost  relative  to 
the  DSVT. 


8.  Data  Adapters 

The  Data  Adapter  will  provide  the  full  duplex  digital  interface 
for  data  traffic  dedicated  into  Store  and  Forward  or  circuit 
switched  with  a  DSVT,  through  the  AN/TTC-39,  Both  synchronous 
and  asynchronous  traffic  will  be  handled.  The  complex  version 
will  offer  greater  capabilities  with  respect  to  error  control  and. 
modes-of-operation. 


9«  Dedicated  Loot?  Encryption  Device  (DTfffl'l 


The  DEED  will  be  a  key  generator  which  can  be  deployed  in  a  dedicated 
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mode  to  encrypt  traffic  carried  on  a  loop.  It  will  Interoperate 
with  the  LKG's  in  the  circuit  switch  COMSEC  nodules,  the  DSVT's 
-  deployed  in  conjunction  with  data  adapters,  and  other  DLED*s.  It 
will  operate  at  a  variety  of  bit  rates  between  45  baud  and  16/32 
kbps. 


10,  Tactical  Digital  Facsimile 

— .  (an/uxc-4(  )  Cv)) 

This  development  will  provide  for  high  speed  secure  transmission 
and  reception  of  low  resolution  black,  white  and  limited  gray  scale 
graphic  material  over  a  wideband  (16/32  Kb/s)  digital  channel.  It 
interfaces  with  the  Data  Adapter/DSVT  and  DIED.  It  also  can  oper¬ 
ate  over  narrowband  (3kHz)  circuits  interfacing  with  existing  mo¬ 
dems  and  COMSEC  equipment.  Operator  selections  will  Include  data 
rates  of  2.4,  4.8,  9*6,  16,0  and  32.0  Kbps  operation. 


11.  Composition  and  Editing  Device  (CCED) 

The  COED  will  provide  assistance  to  users  to  assure  that  message 
traffic  is  properly  formatted  and  that  header  information  is  com¬ 
plete*  The  COED  assemblage  will  be  used  for  composing,  editing, 
displaying,  and  monitoring  message  traffic.  It  will  interface 
directly  with  the  Data  Adapter/DSVT  and  DIED.  Messages  can  be 
manually  entered  in  it6  internal  memory  from  a  keyboard,  dis¬ 
played  for  editing  purposes,  and  then  transmitted  over  a  data 
channel  at  rates  up  to  32  Kbps* 


12.  loop  Multiplexers 

This  family  of  loop  multiplexers  which  will  multiplex  4-wire, 
full  duplex,  32/16  kbps  digital  channels  into  serial  bit  inter¬ 
laced  groups  and  to  demultiplex  the  groups  into  individual  channels. 
The  family  will  include  loop  group  multiplexers  (LGM),  remote  loop 
group  multiplexers  (RLGM)  and  remote  multiplex  combiners,  (BMC)* 


13.  Stand-Alone  TED 

Modification  of  the  existing  Trunk  Encryption  Device  (TED)  to 
permit  the  device  to  be  deployed  in  a  stand-alone  mode  and  to 
achieve  reductions  in  size,  weight  and  power  due  to  the  reduced 
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output  requirements.  It  must  provide  bulk  encryption  for  digi¬ 
tal  groups  of  8/16  or  9/18  channels  provided  by  a  Remote  Multiplexer 
Combiner  or  a  digital  Unit  Level  Switch. 


14,  Digital  Loop  Repeater 

A  digital  loop  repeater  is  required  to  be  used  either  singly  or  in 
tandem  to  extend  the  transmission  range  of  a  single  digital  loop 
beyond  4  kins. 


15 •  Shipboard  UHF/LOS  Transmission  Facilities 

This  prograr.  Involves  a  study  and  development  of  a  multiple  access/ 
discrete  address  transmission  facility  which  could  be  employed  for 
communications  among  ships  traveling  in  a  company  and  to  provide 
network  access  for  ships  not  equipped  with  SHF  satellite  transmission 
facilities.  Transmission  will  be  16  kbps  digital  and  secure  sub¬ 
scriber  terminal  facilities  will  be  designed  to  permit  end-to-end 
secure  operation  with  DSVT's  located  elsewhere  in  the  TRI-TAC  land- 
based  or  naval  systems. 


1*« 
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Table  3 

TRI-TAC  Developments,  Mobile  Subscriber  Access  Subsystem 


1  •  Basic  Net  Radio  Interface  Module 


This  module  Mill  be  used  in  conjunction  with  an  analog  switch  to 
provide  single  channel  switched  system  access  for  secure  net  radio 
users.  It  will  include  an  operator  control  panel,  a  wire  termina¬ 
tion  unit,  a  radio  receiver/transmitter  control  unit  which  will  be 
equipped  with  up  to  four  different  Interface  control  devices,  and 
a  non-secure  warning  tone  generator. 


2.  Expanded  Net  Radio  Interface  Module 

This  module  will  be  used  in  conjunction  with  digital  loop  facili¬ 
ties  of  the  AN/TTC-39  or  digital  unit  level  switchboards  to  pro¬ 
vide  single  channel  switched  access  for  secure  net  radio  users.  It 
will  include  an  operator -control  panel,  a  modified  DSTV,  and  a  ra¬ 
dio  receiver/transmitter  which  can  be  equipped  with  up  to  five  dif¬ 
ferent  interface  control  devices. 


3«  Special  Purpose  Ret  Radio  Interface  Module 

This  module  earn  be  used  in  conjunction  with  digital  loop  facilities 
of  the  AN/TTC-39  or  digital  unit  level  switchboards  to  provide  sin¬ 
gle  channel  switched  access,  on  a  BLACK  interface  basis,  for  secure 
net  radio  users.  It  will  include  an  operator  control  panel,  an  auto¬ 
mated  radio  receiver/transmitter  control  unit,  a  manual  R/T  override, 
voice  processing  and  crypto  unit,  and  a  wire  line  termination  unit. 
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1.  Tactical  Digital  Ttopo.  AN/Gfin-m 

This  family  of  tactical  tropo  terminals  nrrftmmnriaiiL  i  na 
channel,  <*  Kbps  channel  rfte)  T%i o^TEte* J  £  ?0 

rf  geVP  t0  200  ailes*  «U1  operate  either  if 
a  LOS  mode  or  in  a  Tropo  mode.  Secure  digital  BOV,  BITE,  inter- 

leaving  equipment,  and  circuit  quality  monitoring  capabilities 

Mil1  bf  ^nCOrp2rated*  The  three  8ets  in  the  family,  light,  med¬ 
ium  and  heavy  Tropo  Kill  provide  between  1  Kw  to  20  Kw  output 
power*  Set  1  (large)  has  200  mile  range*  is  the  aost  capable 
family  member  and  weighs  less  than  6500  lbs.  Set  2  (medium)  has 
200  mile  range,  and  weighs  less  than  5000  lbs.  Set  3  (small)  has 
LOS/Tropo  range  of  100  miles  and  weighs  less  than  3600  lbs. 


2.  Tropo  Modem 

The  Tropo  Modem  must  accommodate  up  to  32  channels  (32  Kbps  chan¬ 
nel  rate)  to  permit  the  AN/GRC-143  and  AN/TRC-9?  Tropo  terminals 
to  interoperate  with  each  other  and  with  the  new  AN/GRC-XXX  Tropo 
terminals.  The  Modem  Kill  include  the  interleaving  equipment  needed 
to  assure  transmission  performance  which  is  consistent  with  that 
specified  in  the  TRI-TAC  error  budget. 


3.  Modification  of  AN/TRC-9?  Using  AN/TCC-72  Components 

The  AN/TRC-9? ,  which  is  in  the  Marine  Corps  and  Air  Force  invent¬ 
ories,  will  be  modified  to  improve  near  term  interservice  interop¬ 
erability.  The  modification  will  accommodate  the  multiplexing, 
combining,  and  line  encryption  equipment  of  the  Army  fCM  system 
(AN/TCC-72)  to  provide  a  U52  Kbjs  digital  tnMrtalon capabil- 
ity.  It  will  provide  for  interoperability  with  the  ArmyAN/GBC 
143  and  for  trunking  compatibility  with  the  analog  and  digital 
matrix  of  the  AN/TTC-39.  The  1152  Kbps  capacig  wiU  accommodate 
24  channels  PCM/TDM,  30  channels  of  mixed  *™/TDM  and  VSD  36 
channels  CVSD.  It 


Modification  of  AN/GRC-103 
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The  existing  radio  assemblage  Kill  be  modified  to  be  compatible 
with  the  conditioned  diphase  interface  with  the  Digital  Group 
Multiplexers  and  the  AN/TTG-39*  The  addition  of  provisions  to 
facilitate  remote  reporting  and  equipment  status  information  to 
an  associated  CMCE  will  also  be  provided.  These  modifications 
will  provide  for  Phase  1  use  of  the  inventory  AH/GRC-103  radios 
where  they  are  either  collocated  or  separated  up  to  2  miles  from 
the  switch  or  associated  CNCE.  Die  modified  assemblage  will  sat¬ 
isfy  the  36  channel,  low  capacity  (32  Kbps  channel  rate)  digital 
trunking  retirements  of  Phase  I* 


Table  5  . 

TRI-TAC  Developments,  Trunk 
Transmission  (Space)  Subsystem 
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1*  TRI-TAC  Small/lntermedlate/Large  Satellite  Terminals 

The  effor  t  consists  of  modifying  existing  satellite  terminals  to 
provide  the  characteristics  and  network  flexibility  called  for  in 
the  system  architecture*  The  modifications  involve  re  configuration 
of  assemblages  and  modification  of  modems,  combiners/d ecombiners, 
and  addition  of  buffers  to  accommodate  a  variety  of  digital  trunk 
groups  used  in  TRI-TAC  and  to  appropriately  Interface  with  the 
synchronous  TRI-TAC  switching  and  control  facilities.  The  system 
architecture  calls  for  development  of  a  small,  intermediate  (HUB), 
intermediate  (SPOKE),  intermediate  (MESH),  and  a  larger  terminal 
for  Phase  I  earth  terminals.  All  except  the  large  terminal  will 
employ  8  ft.  antennas. 


2.  TRI-TAC  Control  Terminal 

This  modification  to  current  Army  Satellite  Tactical  Control  Ter¬ 
minals  would  permit  them  to  be  integrated  into  the  TRI-TAC  Communi¬ 
cations  Control  architecture  through  provisions  for  expanded  I/O 
interface  equipment  to  interface  operator  personnel  with  the  control 
subsystem.  It  will  also  provide  for  secure  orderwire  entry  into 
each  terminal. 


3.  Digital  Combiner/Decomblner 
SPOKE/HUB _ 

This  equipment  will  handle  2,  3,  or  4  AN/TTC-39  Trunk  Groups  and 
provide  the  flexibility  needed  to  handle  a  mix  of  different  groups 
required  for  optimizing  system  connectivity.  In  addition  -to  pro¬ 
viding  the  normal  tactical  satellite  signal  processing  functions,  it 
will  perform  the  group  buffering  required  for  compensation  of  satel¬ 
lite  movement.  The  combiner/decombiner  will  be  integrated  into  the 
control  communications  terminal. 


4.  Orderwire  Modem  (Terminal  Comm/Control) 

This  equipment  will  provide  the  functions  associated  with  distrib¬ 
uting  satellite  system  control  data  between  the  communications  termi¬ 
nals  and  the  control  terminal.  It  will  be  developed  with  the  control 
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terminal  orderwire  modem.  The  orderwire  modems  developed  will  he 
integrated  into  the  control  communications  terminals. 


5*  Orderwire  Security  Device 

It  will  likely  be  a  modified  available  security  device,  tailored  to 
fit  the  system  orderwire  concept.  A  device  is  needed  to  encrypt  the 
orderwire  transmission  for  both  the  control  terminal  and  the  satel¬ 
lite  terminals  themselves*  The  device  will  be  integrated  into  the 
communications  and  control  terminals. 


6.  Universal  Synchronous  Multiplexer  (jUSM) 

This  family  of  equipments  will  assure  efficient  usage  of  available 
satellite  capacity  at  those  locations  where  analog  or  mixed  analog 
and  digital  traffic  must  be  handled  and  access  to  an  AN/TTC-39  or 
Unit  level  Switchboard  is  not  available*  It  will  provide  for  con¬ 
version  of  4  kHz  analog  channels  to  32  Kbps  digital  channels  and 
for  multiplexing  these  channels  into  standard  TRI-TAC  digital  groups 
of  size  4-1/2,  9»  or  18  channels*  Analog/digital  trunk  groups  in 
excess  of  18  channels  will  be  accommodated  by  combining  the  outputs 
of  a  number  of  USK*s  Into  a  supergroup  using  a  member  of  the  DGM 
family*  The  USM  will  be  integrated  into  the  small  terminal  and  se- 
<■  lected  CNCE’s. 


7.  SHF  -  Manual  Trunk  Channel  Control  Facilities 

The  use  of  FDIft  during  Phase  I  will  require  coordination  of  tacti¬ 
cal  accesses  and  frequency  assignments,  uplink  power  control,  co¬ 
ordination  with  other  non-tactical  satellite  accesses.  Each  con¬ 
trol  facility  and  each  terminal  operator  will  be  able  to  initiate 
and  coordinate  the  set-up  of  any  temporary  or  extended  period  point- 
to-point  and  net  radio  circuit. 
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TRI-TAC  Developments,  Communications  Control  Subsystem 


1.  Communications  Nodal  Control  Element 
(OICE)  (All/TSQ-ltl  (  )  (V)) 

The  ONCE  will  provide  the  processing  capabilities  to  perforin  nodal 
functions.  It  will  provide  group  patching,  monitoring  and  test  ca¬ 
pabilities,  VDU/Keyboard/printer  I/O  and  display  devices.  It  must 
provide  for  interfaces  with  external  systems  and  transitional  equip¬ 
ment.  The  CNCE  configurations  will  include  existing  equipment  as 
well  as  equipment  that  is  being  developed  under  the  TRI-TAC  Program. 
Each  CHCE  will  be  implemented  and  equipped  modularly  to  respond  to 
the  specific  nodal  environments  in  Phase  I  (e.g,,  expansion  change 
in  mix  ratio).  Type  I  is  predominantly  analog,  processor  equipped, 
two  shelters,  one  of  which  is  a  management  shelter.  Type  II  is  pre¬ 
dominantly  digital,  processor  equipped,  two  shelters,  one  of  which 
is  management  shelter,  Type  III  -  Equal  amounts  of  analog  and  digi¬ 
tal,  processor  equipped,  one  shelter,  non-expandable.  Type  IV  -  All 
digital,  no  internal  processor  but  able  to  access  remote  processor, 
technical  control  capability,  one  S-250  type  shelter.  The  CNCE,  in 
conjunction  with  the  CSCE  and  CSH5,  will  provide  increased  control 
capabilities  and  a  near-real-time  technical  management  capability. 
The  CNCE  will  provide  management  and  technical  nodal  control  facil¬ 
ities  to  assign,  monitor,  control  and  manage  resources  and  provide 
the  interface  between  transmission  facilities  and  users  of  the  sys¬ 
tem. 


2.  Trunk  Group  Multiplex  (TGM) 

The  TGM  will  synchronously  combine/decombine  2,  3  or  4  group  inputs 
into  and  from  a  supergroup  of  maximum  bit  rate  4096  Kbps.  The  group 
inputs  will  be  of  the  same  family  of  group  bit  rates.  It  will  be 
used  in  conjunction  with  the  IJGM,  MGM,  TED  and  TD-660  multiplexer. 
The  TGM  will  be  used  in  both  shelters  and  vans  and  will  be  mounted 
in  an  equipment  case. 


3»  Master  Group  Multiplexer  (MGM) 

The  MGM  will  combine/ decombine  up  to  12  synchronous  or  asynchronous 
groups  or  supergroups.  It  will  be  deployed  in  conjunction  with  the 
CNCE  AN/TSQ-111  and  with  remote  ratio  extension  facilities.  It  will 
accept  bit  rates  from  0.072  to  4.9152  mbps  with  output  master  group 
bit  rates  of  9.360  and  18.720  mbps.  The  MGM  will  have  provision  for 
two  orderwire  channels,  each  capable  of  operating  at  16  or  32  kbps 
(switchable).  The  MGM  will  be  used  in  conjunction  with  the  LGM,  TGM, 
and  TED. 
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4.  Communications  System  Control  Element 
JCSCEj  (ANlTYa-16  (  )  (V )) _ 

Each  CSCE  will  consist  of  personnel,  information  processing  capa¬ 
bilities,  displays  and  associated  facilities  to  perform  assigned 
monitoring  and  control  functions*  CSCE  will  be  able  to  interface 
with  the  AN/TTC-39  on  a  limited  automatic  basis,  and  other  Invent¬ 
ory  switches  (e.g.  TTC-30)  on  a  manual  basis.  This  program  together 
with  the  CNCE  and  CSfE  elements  will  provide  a  total  integrated  con¬ 
cept  for  near  real  time  management  functions.  The  CSCE  will  provide 
real  time  monitoring  and  data  base  maintenance  of  communications 
network  status  and  near  real  time  control  over  the  allocation  and 
use  of  resources  within  a  portion  of  a  deployed  tactical  network.- 
Advanced  development  models  of  processor  equipped  CSCE&  will  be 
developed  in  Phase  I,  which  will  supplement  current  manual  control 
functions. 


5»  Communications  System  Planning  Element  (CSFE) 

The  CSfE  will  provide  support  for  maintaining  a  file  of  available 
resources,  collecting,  storing  and  updating  communications  require¬ 
ments,  issuing  tasklngs,  monitoring  progress  in  implementation  and 
testing  and  monitoring  overall  system  performance.  The  other  CSFE 
functions  will  be  accomplished  through  normal  staff  action,  during 
Phase  I,  The  processor  at  the  CSCE  will  be  used  for  information 
storage  and  retrieval. 


6.  Short  Range  Wideband  Radio 

This  LOS  multichannel  radio  will  be  used  for  various  intrabase  and 
down-the-hill  employments  serving  as  a  network  extension  facility 
replacing  the  requirement  for  extensive  cable  service ■  This  will 
be  accomplished  through  modifications  to  the  existing  AN/GRC-I99 
radio  in  the  AN/GSQ-II9  assemblage  and  the  AN/GRC-144  in  the  AN/- 
TRC-I38  assemblage*  The  modified  assemblages  will  provide  full 
duplex,  multichannel  links  with  full  electric  compatibility  in  the 
14.4-15  GHz  frequency  range.  They  provide  capacity  for  digital 
traffic  up  to  20  Mbps  over  paths  up  to  8  Km,  and  10  Mbps  over  paths 
up  to  24  Km, 


The  facility  will  consist  of  a  DSVT  and  necessary  controls  which 
will  provide  a  32  Kbps  operator  controlled  DCS  interface  with  loops 
from  either  a  AN/TTC-39  or  a  ULSB.  This  will  provide  DSVT  subscri¬ 
ber  direct  access  through  the  ULSB  on  a  manual  basis,  through  an 
AUTOSEVOCOM  switch  where  this  facility  would  be  located. 


N ICS /NATO  Interface  Assemblage 


An  interface  shelter  assemblage  is  required  for  the  NICS/NATO  in¬ 
terface.  The  NICS/NATO  Interface  is  expected  to  be  automatic, 
circuit  switched  and  employing  the  Standard  NATO  analog  electrical 
and  signaling  interface  parameters.  A  modified  assemblage  is  re¬ 
quired  for  use  when  the  NATO  interface  point  is  not  collocated  with 
the  US  tactical  gateway  switch.  It  will  provide  the  conversion  of 
the  standard  NATO  interface  control  signals  into  corresponding  US 


control  signals  which  would  then  be  passed  on  via  the  US  interface 
radio  transmission  link  to  the  AN/TTC-39* 
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